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A pitch analysis 
device for 
producing a set of 
pitch codebook 
parameters, 
comprising: 

The accused products comprise a pitch analysis device for producing a set of pitch codebook parameters.  
 
For example, the accused products practice the Adaptive Multi-Rate – Wideband (AMR-WB) speech codec standard.  See 
3GPP TS26.190 v10.0.0 (2011-03).  Under this standard, the accused products comprise a pitch analysis device for 
producing a set of pitch codebook parameters. 
 

 
 

 
 

 
 

a pitch codebook 
search device 
configured to 
generate a pitch 
code vector based 
on a digitized input 
audio data, 
wherein said 

The accused products comprise a pitch codebook search device configured to generate a pitch code vector based on a 
digitized input audio data, wherein said digitized input audio data represents an input audio signal that has been sampled 
and digitized. 
 
For example, the accused devices comprise a pitch codebook search device that is configured to generate a pitch code 
vector based on a digitized input audio data.   
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digitized input 
audio data 
represents an 
input audio signal 
that has been 
sampled and 
digitized; 

 
 
The digitized input audio signal represents an input audio signal that has been sampled and digitized. 
 

 
a) at least two 
signal paths 
associated to 
respective sets of 

The accused products comprise at least two signal paths associated to respective sets of pitch codebook parameters 
representative of said digitized input audio data. 
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pitch codebook 
parameters 
representative of 
said digitized input 
audio data, 
wherein: 

For example, the accused products must support at a minimum the AMR-WB codec set, including the 6.6, 8.85. and 12.65 
Kbit/s codes under the HD Voice Logo License Agreement.  See Annex C for minimum HD Voice requirements. 

i) each signal path 
comprises a pitch 
prediction error 
calculating device 
for calculating a 
pitch prediction 
error of said pitch 
codevector from 
said pitch 
codebook search 
device; and 

For the accused products, each signal path comprises a pitch prediction error calculating device for calculating a pitch 
prediction error of said pitch codevector from said pitch codebook search device. 
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ii) at least one of 
said at least two 
signal paths 
comprises a filter 
for filtering the 
pitch codevector 
before supplying 
said pitch 
codevector to the 
pitch prediction 
error calculating 
device of said at 

For the accused products, at least one of said at least two signal paths comprises a filter for filtering the pitch codevector 
before supplying said pitch codevector to the pitch prediction error calculating device of said at least one signal path.
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least one signal 
path; and 

 
b) a selector for 
comparing the 
pitch prediction 
errors calculated 
in said at least two 
signal paths, for 
choosing the 
signal path having 
the lowest 
calculated pitch 
prediction error 
and for selecting 
the set of pitch 
codebook 

The accused products include a selector for comparing the pitch prediction errors calculated in said at least two signal paths, 
for choosing the signal path having the lowest calculated pitch prediction error and for selecting the set of pitch codebook 
parameters associated to the chosen signal path. 
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parameters 
associated to the 
chosen signal 
path. 

A pitch analysis 
device as defined 
in claim 1, wherein 
one of said at 
least two signal 
paths comprises 
no filter for filtering 
the pitch 
codevector before 
supplying said 
pitch codevector 
to the pitch 
prediction error 

 

5.7 Adaptive codebook 
1u order to enhance the pitch prediction perfonnance in wideband si~als. a frtqueucy-de~udaut pitch predictor is 
used. This is important in widebaud s ignals since the periodicity doesn ' t necessarily extend m·er the whole spectrum. In 

this alsoridun. the.re are two si~l path<> associated to re~pe-cri\·e sers of pirch codebook parameters. wherein each 
sig.tal path comprises a pitdt prediction error calcuJatiug de\·ice for calculating a pitch prediction error of a pitch 
codeYector from a pitch codebook search device. One of the~e two paths compri~e~ a low-pass ftlter for fiher1ng the 
pi tch code\·ector and the pitch prediction etTor is calculated for dtese two signal paths. TI1e sipaJ path lun-ing the 
lowe~r calculated pitch prediction error is selected. alOllf with the associated pitch gain. 

Tite low pass filrer \ISe'd in the second p:uh is in the fonu BJ..P(:)w.(). 18:+0.6-HO.l8:'1• Nore tll.at 1 bit is used to encode 
the chosen path. 

Tims. for 12.65. l ·US. 15.SS. 18.25. 19.SS. 23.05 or 23.85 kbit/s lllodes. there are two p~sibilities to generate the 
I 

adaptiw codebook \'(11). ' '(n) = , .'(n) in the first path. or v(u);:;:; L bl.P (i + l)\"(n + i)in the second path. where 

hLP""[ 0.18.0.64.0.18). The path which results in mininmm energx of the tar2.er si~tnal x,(ll) defmed in Equation ( 40) is 
selected for the flltered adaptiYe codebook \·ector. For 6.60 and 8.SS kbi tls modes. 1'(11) is always 

I 

v(n) ;:;:; LblJI(i + l)l·'(n + i) . 
t - 1 

Claim 2 
For the accused products, one of said at least two signal paths comprises no fi lter for fi ltering the pitch codevector before 
supplying said pitch codevector to the pitch prediction error calculating device. 
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calculating device. 

A pitch analysis 
device as defined 
in claim 1, wherein 
each pitch 
prediction error 
calculating device 
comprises: 
a) a convolution 
unit for convolving 
the pitch 
codevector with a 
weighted 
synthesis filter 

 

5.7 Adaptive codebook 
1u order to enhance the pitch prediction perfonnance in wideband si~als. a frtqueucy-de~udaut pitch predictor is 
used. This is important in widebaud signals since the periodicity doesn ' t necessarily extend m·er the whole spectrum. In 
this alsoridun. the.re are tw o si~l path<> associated to re~pe-cri\·e sers of pirch codebook parameters. wherein each 
sig.tal path comprises a pitdt prediction error calcuJatiug de\·ice for calculating a pitch prediction error of a pitch 
codeYector from a pitch codebook search device. One of the~e two paths compri~e~ a low-pass ftlter for fiher1ng the 
pitch code\·ector and the pitch prediction etTor is calculated for d1ese two signal paths. TI1e signal path lunmg the 
lowe~r calc\llated pitch prediction error is selected. alontt with the associated pitch gain. 

Tite low pass filrer \I.Se'd in the second p:uh is in the fonu BJ..P(:)w.().18:+0.6-HO.l 8:'1, Nore tll.at 1 bit is used to encode 
the chosen path. 

Tims. for 12.65. l ·US. 15.SS. 18.25. 19.SS. 23.05 or 23.85 kbit/s lllodes. there are two pO!.sibilities to generate the 
I 

adaptiw codebook \'(11). ' '(n) = , .'(n) in rhe first path. or v (u );:;:; L bl.P (i + l)\"(n + i) in the second path. where 

hLP""[ 0.18.0.64.0.18). The parh which results in minimum ener~ of the tar~er si~1al x2(11) defmed in Equation ( 40) is 
selected for the f1hered adaptiYe codebook \·ector. For 6.60 and 8.SS kbitl~ mode~. 1'(11) i~ always 

I 

v(n);:;:; LblJI (i + l)l·'(n + i) . 
t - 1 

ClaimS 
For the accused products, each pitch prediction error calculating device comprises a convolution unit for convolving the pitch 
codevector with a weighted synthesis filter impulse response signal and therefore calculating a convolved pitch codevector. 

For example, as defined in the technical specification for the AMR-WB speech codec, v(n) corresponds to the pitch codebook 
vector and h(n) corresponds to the impulse response of the weighted synthesis fi lter. The pitch codebook vector is 
convolved with the weighted synthesis impulse response to calculate y(n), a convolved pitch code vector. 
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impulse response 
signal and 
therefore 
calculating a 
convolved pitch 
codevector; 

 
 

 
b) a pitch gain 
calculator for 
calculating a pitch 
gain in response 
to the convolved 
pitch codevector 
and a pitch search 
target vector; 

For the accused products, each pitch prediction error calculating device comprises a pitch gain calculator for calculating a 
pitch gain in response to the convolved pitch codevector and a pitch search target vector. 
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c) an amplifier for 
multiplying the 
convolved pitch 
codevector by the 
pitch gain to 
thereby produce 
an amplified 
convolved pitch 
codevector; and 

For the accused products, each pitch prediction error calculating device comprises an amplifier for multiplying the convolved 
pitch codevector by the pitch gain to thereby produce an amplified convolved pitch codevector. 
 

 
d) a combiner 
circuit for 
combining the 
amplified 
convolved pitch 
codevector with 
the pitch search 
target vector to 
thereby produce 
the pitch 
prediction error. 

For the accused products, each pitch prediction error calculating device comprises a combiner circuit for combining the 
amplified convolved pitch codevector with the pitch search target vector to thereby produce the pitch prediction error. 
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A pitch analysis 
device as defined 
in claim 5, wherein 
said pitch gain 
calculator 
comprises a 
means for 
calculating said 
pitch gain bul using 
the relation: 

where j=O, 1, 2, .. 
. , K, and K 
corresponds to a 
number of signal 
paths, and where 
x is said pitch 
search target 

 

Then the following operations are repeated for each subframe: 

The target signal x(n) is computed by filtering the LP residual through the weighted synthesis filter W(= )H(=) 
with the initial states of the filters having been updated by ftltering the error between LP residual and excitation 
(this is equivalent to the common approach of subtracting the zero input response of the weighted synthesis filter 
from the weighted speech signal) . 

TI1e impulse response, h(n) of the weighted synthesis filter is computed. 

Closed-loop pitch analysis is then performed (to find the pitch lag and gain), using the target x(n) and impulse 
response h(n), by searching around the open-loop pitch lag. Fractional pitch with l /4th or l /2nd of a sample 
resolution (depending on the mode and the pitch lag ,-alue) is used. The interpolating filter in fractional pitch 
search has low pass frequency response. Further, there are two potential low-pass characteristics in the the 
adaptive codebook and this information is encoded with 1 bit. 

The target signal x(n) is updated by removing the adaptive codebook contribution (filtered adaptive codevector), 
and flus new target, x1(n) , is used in the fixed algebraic codebook search (to fwd the optimum innovation). 

Claim6 
The accused products comprise a pitch analysis device as defined in claim 5, wherein said pitch gain calculator comprises a 
means for calculating said pitch gain bul using the relation: 

b <il =x 1 y ul /Uy ulll2 

Additi_onally, j=O, 1, 2, ... , K, and K corresponds to a number of signal paths, and where x is said pitch search target vector 
and y1 is said convolved pitch code vector. 
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vector and y' is 
said convolved 
pitch codevector. 

A pitch analysis 
device as defined 
in claim 5, 
wherein: 

a) each of said 
fi lters of the 
plurality of signal 
paths is identified 
by a fi lter index; 

 

Release 10 26 3GPP TS 26.190 V10.0.0 (2011-03) 

I The adaptive code book gain is then found byJ 

_ I:~J xCnty(n) l [!d- 63 

1 
bounded by 0 S g P S 1.2, L, ( y(n)y(n) 

( 39 ) 

where y(n) = v(n) :th(n) is the ftltered adaptive codebook Yector (zero-state responc;e of H (z)W (z) to v,(n)). To insure 

stability, the adaptive code book gain gP is bounded by 0.95, if the adaptive code book gains of the previous sub frames 
have been small and the LP filters of the previous subframes have been close to being unstable. 

Claim7 
For the accused products, each of the fi lters of the plurality of signal paths is identified by a filter index. 

6.1 Decoding and speech synthesis 
The decoding process is performed in the following order: 

Decoding of LP filter parameters: The received indices of ISP quantization are used to reconstmct the quantized ISP 
vector. The interpolation described in Section 5.2.6 is performed to obtain 4 interpolated ISP vectors (corresponding to 
4 sub frames) . For each subframe, the interpolated ISP vector is convert.ed to LP filter coefficient domain at. which is 
used for sy11thesizing the reconstructed speech in the subframe. 

The following steps are repeated for each subframe: 

L Decoding of the adaprin codebook \'ector: The received pitch index (adaptive codebook index) 
is used to find the integer and fractional parts of the pitch lag. The adaptive code book vector v(n) 
is found by interpolating the past excitation u(n) (at the pitch delay) using the FIR filter described 
in Section 5.7. The received adaptive filter index is tLc;ed to find out whether the ftltered adaptive 
codebook is ' 'l (n)= v(n) or v2(n) = 0.18v(n)+ 0 .64v(n -1) +0.l8v(n - 2) . 
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b) said pitch 
codevector is 
identified by a 
pitch codebook 
index; and 

For the accused products, the pitch codevector is identified by a pitch codebook index. 
 

 
 

 
c) said pitch 
codebook 
parameters 
comprise the filter 
index, the pitch 
codebook index 
and the pitch gain. 

For the accused products, the pitch codebook parameters comprise the filter index, the pitch codebook index and the pitch 
gain. 
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A pitch analysis 
device as defined 
in claim 1, wherein 
said pitch 
prediction error 
calculating device 
of each signal 
path comprises 
means for 
calculating an 
energy of the 
corresponding 
pitch prediction 
error, and wherein 
said selector 
comprises means 
for comparing the 
energies of said 
pitch prediction 
errors of the 
different signal 
paths and for 
choosing as the 

 

5. 7 Adaptive code book 
Adaptive code book seru-ch is performed on a sub frame basis. It consists of performing closed loop pitch search, and 
then computing the adaptive codevector by interpolating the past excitation at the selected fractional pitch lag. 

The adaptive codebook parameters (or pitch parameters) are the delay and gain of the pitch filter. In the search stage, 
the excitation is exteuded by the LP residual to simplify the closed-loop search. 

I The adaptive codebook giUllJis then found by 

, 63 
~g L-,.=0 x(n)y(n) 
~ 63 , 

L ,=oy(n)y(n) 

botmdedby OS gP S l.2, 

ClaimS 
For the accused products, the pitch prediction error calculating device of each signal path comprises means for calculating 
an energy of the corresponding pitch prediction error, and wherein said selector comprises means for comparing the 
energies of said pitch prediction errors of the different signal paths and for choosing as the signal path having the lowest 
calculated pitch prediction error the signal path having the lowest calculated energy of the pitch prediction error. 
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signal path having 
the lowest 
calculated pitch 
prediction error 
the signal path 
having the lowest 
calculated energy 
of the pitch 
prediction error. 

An encoder having 
a pitch analysis 
device as in claim 
1 for encoding a 
wideband input 
signal, said 
encoder 
comprising: a) a 
linear prediction 
synthesis fi lter 
calculator 
responsive to the 
wideband signal 

 

5. 7 Adaptive code book 
In order to euha.uce tbe pitch prediction perfonnance iu wideband si$1lals. a frequeucy-<lependam pitch prediclor is 
used. Titis is important in wideband signals since the periodicity doesn't necessarily extend oYer the whole spectmm. In 
this nlttoriihm. there are two si~ padts associated to respecti,·e sets of -pitch codebook parameters. wherein each 
signal path comprises a pitch prediction error calculalin~ deYice for c.alcuJatiug a pitch prediction error of a pitch 
code,·ector from a pitch codebook search de\"ice. One of these two paths comprises a low-p;~ss filter for filtering the 
pitch coden~ctor and the piich prediction error is calcubted for these two si!lJllll paths. The sig11al path ha,-ing the 
lowest calculated pitch prediction error is selected. along with the associated pitch gain. 

TI1e low pass filter used iu the second parh is il1 the fomt Bu{:)-0. 1 8~+0.6-HO.l 8~·1 • Note dtat 1 bit is used to encode 
the chosen path. 

Thus. for 12.65. 14.25. 15.85. 18.25. 19.SS. 23.05 or 23.85 kbit/s modes. d1ere are two possibiljties to generate the 
I 

adapti, ·e codebook t'(ll). 1'(11)"" ,•'fn) in the flt'St path. or v(u) ;:;: L b lP (i + l)1·'(u + i) in the ~cond path. where 
1· - l 

bu-"{0.18.0.6-t.O. lS]. The path which results iu minimum energy of the tan~et si2Jla1 .t,{n) defined in Equation (40) is 
selected for the ftltered ad<lpti,·e code book Yector. For 6.60 and S.S5 kbi t/s mode~. 1'(11) i ~ always 

1 

l·(n) ;:;: L biP 0 + l)l·'(n + i) . 
1-t 

Claim 10 
The accused products comprise a linear prediction synthesis filter calculator responsive to the wideband signal for producing 
linear prediction synthesis filter coefficients. 
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for producing 
linear prediction 
synthesis filter 
coefficients; 

 
 

b) a perceptual 
weighting filter, 
responsive to the 
wideband signal 
and the linear 

The accused products comprise a perceptual weighting filter, responsive to the wideband signal and the linear prediction 
synthesis filter coefficients, for producing a perceptually weighted signal. 
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prediction 
synthesis filter 
coefficients, for 
producing a 
perceptually 
weighted signal; 

 

 

 
c) an impulse 
response 
generator 
responsive to said 
linear prediction 
synthesis filter 

The accused products comprise an impulse response generator responsive to said linear prediction synthesis filter 
coefficients for producing a weighted synthesis filter impulse response signal. 
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coefficients for 
producing a 
weighted 
synthesis filter 
impulse response 
signal; 

 

 
d) a pitch search 
unit for producing 
pitch codebook 
parameters, said 
pitch search unit 
comprising: 
 
i) said pitch 
codebook search 
device responsive 
to the perceptually 
weighted signal 
and the linear 
prediction 
synthesis filter 
coefficients for 
producing the 
pitch codevector 
and an innovative 
search target 
vector; and 

The accused products comprise a pitch search unit for producing pitch codebook parameters.  The pitch search unit 
comprises the pitch codebook search device responsive to the perceptually weighted signal and the linear prediction 
synthesis filter coefficients for producing the pitch codevector and an innovative search target vector. 
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ii) said pitch 
analysis device 
responsive to the 
pitch codevector 
for selecting, from 
said sets of pitch 
codebook 
parameters, the 
set of pitch 
codebook 
parameters 
associated to the 

The accused products comprise a pitch analysis device responsive to the pitch codevector for selecting, from said sets of 
pitch codebook parameters, the set of pitch codebook parameters associated to the signal path having the lowest calculated 
pitch prediction error. 
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signal path having 
the lowest 
calculated pitch 
prediction error; 

 
e) an innovative 
codebook search 
device, responsive 
to a weighted 
synthesis filter 
impulse response 
signal, and the 
innovative search 
target vector, for 
producing 
innovative 
codebook 
parameters; and 

The accused products comprise an innovative codebook search device, responsive to a weighted synthesis filter impulse 
response signal, and the innovative search target vector, for producing innovative codebook parameters. 
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f) a signal forming 
device for 
producing an 
encoded 
wideband signal 
comprising the set 
of pitch codebook 
parameters 
associated to the 
signal path having 
the lowest pitch 
prediction error, 
said innovative 
codebook 
parameters, and 
said linear 
prediction 

The accused products comprise a signal forming device for producing an encoded wideband signal comprising the set of 
pitch codebook parameters associated to the signal path having the lowest pitch prediction error, said innovative codebook 
parameters, and said linear prediction synthesis filter coefficients. 
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synthesis filter 
coefficients. 

 

4.3 Principles of the adaptive multi-rate wideband speech 
encoder 

The CELP speech synthesis model is shown in Figure I. In this model, the excitation signal at the input of the 
short-term LP synthesis filter is constructed by adding two excitation vectors from adaptive and fixed (innovative) 
co deb oaks. The speech is synthesized by feeding the two properly chosen vectors from these codebooks through the 
short-term synthesis filter. The optintwn excitation sequence in a codebook is chosen using an analysis-by-synthesis 
search procedure in which the error between the original and synthesized speech is minimized according to a 
perceptually weighted distortion measure. 

The perceptual weighting filter tL~ed in the analysis-by-synthesis search tec.lmique is given by: 

( 3 ) 

where A(z) is the wtquantized LP filter, H <k- •mpiJ 1 , and n =0.92 is the perceptual weighting factor. The 
1- 0.68z 

we.ighting filter uses the tmquantized LP parameters. 

The encoder perfomts the analysis of the LPC, L TP and fixed codebook parameters at 12.8 kHz sampling rate. The 
caner operates on speecll names or LU nts. At each frame, the speech s•gnal•s analysed to extract the parameters of the 
CELP model (LP filter coefficients, adaptive and fixed codebooks' indices and gains). In addition to these parameters, 
high-band ga111 mchces are computed 111 23.85 klnt/s mode. These parameters are encoded and transmitted. At the 
decoder, these parameters are decoded and speech is synthesized by filtering the reconstmcted excitation signal through 
the LP synthesis filter. 
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An encoder as 
defined in claim 
10, wherein one of 
said at least two 
signal paths 
comprises no fi lter 
for filtering the 
pitch codevector 
before supplying 
said pitch 
codevector to the 
pitch prediction 
error calculating 

 

5. 7 Adaptive code book 
In order to enhance the pirch prediction perfonnance in wideband si$J!als. a fr~uency-dependant pitch predicror is 
used. This is imponant in wideband si~tals since the periodicity doesn't necess.1rily extend o\·er the whole spectrum. In 
this al~orithm. there are two si!IDal paths associated ro respecti\'e sets of pitch codebook parameters. wherein each 
signal path comprises a pitch prediction error calculating de \'ice for calculating a pitch prediction e1ror of a pitch 
code,·ector from a pitch codebook search de,·ice. One of these rwo paths comprises a low-pass filter for filtering. the 
pilch codeYector aud the pitch prediction e1ror is calculated for these two signal paths. Tlte sipllll path ha\"iug the 
lowest calculated pitch prediction error is selected. along with the associated pitch gain. 

The low pass filter u.sed in the secoud path is .iu the fonn Bu{,::)-().18::+0.64+0.18::'1• Note that l bit is used 10 encode 
the chosen path. 

TintS. for 12.65. 1-.1.25. 15.85. 18.25. 19.85. 23.05 or 23.85 kbitls modes. dtet-e are two possibilities to generate the 
I 

adapti,·e codebook v(n). ,·(n) = ,·'tn) in the flfSI path. or v(11) = L b u> (i + l)v'(u + i) in the ~ond path. wlle,re 
I•-I 

bu-(0. 18.0.64.0.18]. The path which results iu ulinimmn euer!Y of the taraet &i2Jlai .H(n) defmed in Equation ( 40) is 
selected for the flltered adapti,·e codebook \'ector. For 6.60 and S.SS kbit/s mode~. 1'(11) is always 

...!. 
l·(n) = L bLP(i + l)v'(u + i) . ,_, 

Claim 11 
For the accused products, one of said at least two signal paths comprises no filter for fi ltering the pitch codevector before 
supplying said pitch codevector to the pitch prediction error calculating device. 
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device. 

An encoder as 
defined in claim 
1 0, wherein each 
pitch prediction 
error calculating 
device comprises: 
a) a convolution 
unit for convolving 
the pitch 
codevector with a 
weighted 
synthesis fi lter 
impulse response 
signal and 

 

5. 7 Adaptive code book 
In order to enhance the pitch prediction perfonnauce ill wideband si~lnb. a fi·equency-dependant pitch predictor is 
used. This is imponant in wideband signals since the periodicity doesn't necessarily extend o\·er the whole specn·mn. In 
tlus al~orithm. there are two signaJ pat b.~ associated to respecti,·e set!> of pitch codebook parameters. wherein each 
signal path comptises a pitch prediction error calculating de,·ice for calculating a pitch prediction error of a p itch 
code,·ector from a pitch code book search de,·ice. One of these two paths comprises a !ow-pass filter for filtering the 
pitch codeYector and the pitch prediction etror is calculated for these two si~al paths. Ute signaJ path baYing the 
lowest calculated pitch prediction etTOr is selected. a lout~ with the associated pirch g.ain. 

Tile low pass filter used in the second path is U.t the fonn Bu(:)-0.1S:•0.6.t-0.18:·' . Note tl1<1t l bit is use<i to encode 
the chosen path. 

Thus. for 12.65. 14.25. 1 5.85. 18.25. 19.85. 23.05 or 23.85 kbitls modes. there are rwo possibilities to 2enerare the 
l 

adapti,·e codebook t'(ll). t•(n) = , .'(n) in r!H~ first pnrh.. or v(u) = 'I. bLP(i + l)v'( 11 + ;}inrhe !.econd path. where 
J-1 

bu-(O. l8.0.6..t.O.l8]. TI1e path which results w minimum energy of the target siptal x2{11) defined in Equt'lbon {40) is 
selected for the filtered adaptj,·e codebook Ye<:tor. For 6.60 and 8.85 kbitls modes. ' '(11) is always 

l 

l'(ll) = ~bLP (i + l)v'(u + i ) . 
I-I 

Claim 14 
For the accused products, each pitch prediction error calculating device comprises a convolution unit for convolving the pitch 
codevector with a weighted synthesis filter impulse response signal and therefore calculating a convolved pitch codevector. 

For example, as defined in the technical specification for the AMR-WB speech codec, v(n) corresponds to the pitch codebook 
vector and h(n) corresponds to the impulse response of the weighted synthesis filter. The pitch codebook vector is 
convolved with the weighted synthesis impulse response to calculate y(n), a convolved pitch code vector. 
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therefore 
calculating a 
convolved pitch 
codevector; 

 
 

 
b) a pitch gain 
calculator for 
calculating a pitch 
gain in response 
to the convolved 
pitch codevector 
and a pitch search 
target vector; 

For the accused products, each pitch prediction error calculating device comprises a pitch gain calculator for calculating a 
pitch gain in response to the convolved pitch codevector and a pitch search target vector. 
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c) an amplifier for 
multiplying the 
convolved pitch 
codevector by the 
pitch gain to 
thereby produce 
an amplified 
convolved pitch 
codevector; and 

For the accused products, each pitch prediction error calculating device comprises an amplifier for multiplying the convolved 
pitch codevector by the pitch gain to thereby produce an amplified convolved pitch codevector. 
 

 
d) a combiner 
circuit for 
combining the 
amplified 
convolved pitch 
codevector with 
the pitch search 
target vector to 
thereby produce 
the pitch 
prediction error. 

For the accused products, each pitch prediction error calculating device comprises a combiner circuit for combining the 
amplified convolved pitch codevector with the pitch search target vector to thereby produce the pitch prediction error. 
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An encoder as 
defined in claim 
10, wherein said 
pitch gain 
calculator 
comprises a 
means for 
calculating said 
pitch gain bul using 
the relation: 

bu>=x•yu>;uyu>u2 

where j=O, 1, 2, .. 
. , K, and K 
corresponds to a 
number of signal 
paths, and where 
x is said pitch 
search target 
vector and-..)l is 

 

Then the following operations are repeated for each subframe: 

The target signal x{n) is computed by filtering the LP residual through the weighted synthesis filter W(z)H(=) 
with the initial states of the filters having been updated by filtering the error between LP residual a11d excitation 
(this is equivalent to the common approach of subtracting the zero input response of the weighted synthesis filter 
from the weighted speech signal) . 

The impulse response, h(n) of the weighted synthesis filter is computed. 

Closed-loop pitch analysis is then performed (to find the pitch lag and gain), using the target x(n) and impulse 
response h(n) , by searching around the open-loop pitch lag. Fractional pitch with l /4th or 1/2nd of a sample 
resolution (depending on the mode and the pitch lag value) is used. The interpolating filter in fractional pitch 
search has low pass frequency response. Further, there are two potential low-pass characteristics in the the 
adaptive codebook and this iufonnation is encoded with 1 bit. 

The target signal x(n) is updated by removing the adaptive codebook contribution (filtered adaptive codevector), I 
and this new target, x 1(n), is used in the fixed algebraic codebook search (to find the optimum innovation). 

Claim 15 
The accused products comprise a pitch analysis device as defined in claim 5, wherein said pitch gain calculator comprises a 
means for calculating said pitch gain bul using the relation: 

b m =x 1 y ul l ily u>u2 

Additionally, j=O, 1, 2, ... , K, and K corresponds to a number of signal paths, and where x is said pitch search target vector 
and y l is said convolved pitch code vector. 
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said convolved 
pitch codevector. 

An encoder as 
defined in claim 
10, wherein said 
pitch prediction 
error calculating 
device of each 
signal path 
comprises means 
for calculating an 
energy of the 
corresponding 
pitch prediction 
error, and wherein 
said selector 
comprises means 
for comparing the 
energies of said 
pitch prediction 
errors of the 
different signal 
paths and for 
choosing as the 
signal path having 
the lowest 
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I The adaptive code book gain is then found byJ 

_ I:~J xCnty(n) l [!d- 63 

1 
bounded by 0 S g P S 1.2, L, ( y(n)y(n) 

( 39 ) 

where y(n) = v(n) :th(n) is the ftltered adaptive codebook Yector (zero-state responc;e of H (z)W (z) to v,(n)). To inc;ure 

stability, the adaptive code book gain gP is bounded by 0.95, if the adaptive code book gainc; of the previous sub frames 
have been small and the LP filters of the previous subframes have been close to being unstable. 

Claim 17 
For the accused products, the pitch prediction error calculating device of each signal path comprises means for calculating 
an energy of the corresponding pitch prediction error, and wherein said selector comprises means for comparing the 
energies of said pitch prediction errors of the different signal paths and for choosing as the signal path having the lowest 
calculated pitch prediction error the signal path having the lowest calculated energy of the pitch prediction error. 
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calculated pitch 
prediction error 
the signal path 
having the lowest 
calculated energy 
of the pitch 
prediction error. 

A cellular mobile 
transmitter /receive 
r unit, comprising: 

a) a transmitter 
including an 
encoder for 
encoding a 
wideband signal 
as recited in claim 
10 and a 
transmission 
circuit for 

 

5. 7 Adaptive code book 
In order to enhance the pitch prediction petfonnance in widebaud si~nals. a fre<Juency-dependam pitch pre<lictor is 
used. 1ltis is important in wideband siguals since tl1e periodicity doesn't necessarily e:..1end oYer the whole spectrum. In 
this al~ot'irhm. there are two si~<\J path~ associated to resp«ti,·e sets of pitch codebook parameters. wherein each 
sign.al path comprises a pitch prediction error calculating deYice for calculati.n~ a pitch prediction etror of a pitch 
coden~ctor from a gitcb code book search de\' ice. One of these two paths comprises a low-pass ftlter for filtering the 
pitch code\·ector and the pitch prediction error is calculated for these two si!IJHll paths. Tite sitntal path haYing the 
lowest calculated pitch prediction error .is selected. along with the associated pitch gain 

The low pass flher used in the second path is iu the fonn Bu(:)-<>.18:+0.64+0.18:'1• Note that l bit is used to encode 
the chosen path. 

Thus. for 12.65. 14.25. 15.85. 18.25. 19.85. 23.05 or 23.85 kbit s modes. there are two possibilities to ~enerate the 
I 

adapti,·e codebook 1'(11). ,•(n)"' ,·'tnJ in the first path. or v(u) ;::; L bLP (i + l)v'(11 + i) in the second pnth. where 
1·-1 

buo-(O.l8,0.6.t.O. l8). 1l1e path which results ut mi.•tinmm enersx of the target &i2Jta1 .,) (11) defuted in Equation (.tO) is 
selected for the filtered adapti,·e codebook ,·ector. For 6.60 and 8.85 kbitJs modes. ' '(11) is always 

l 

v(u) = L bu (i + l)v'(n + i). 
1-1 

Claim28 
The accused products comprise a cellular mobile transmitter/receiver unit, comprising: 

a) a transmitter including an encoder for encoding a wideband signal as recited in claim 10 and a transmission circuit for 
transmitting the encoded wideband signal; and 

b) a receiver including a receiving circuit for receiving a transmitted encoded wideband signal and a decoder for decoding the 
received encoded wideband signal. 
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transmitting the 
encoded 
wideband signal; 
and 

b) a receiver 
including a 
receiving circuit for 
receiving a 
transmitted 
encoded 
wideband signal 
and a decoder for 
decoding the 
received encoded 
wideband signal. 

29. A cellular 
mobile 
transmitter /receive 
r unit as defined 
in claim 28, 
wherein one of 
said at least two 
signal paths 
comprises no fi lter 
for filtering the 
pitch codevector 
before supplying 
said pitch 
codevector to the 
pitch prediction 
error calculating 
device. 

 

4.3 Principles of the adaptive mu lti-rate wideband speech 
encoder 

TI1e encoder perfonns the analysis of the LPC, L TP and fixed codebook parameters at 12.8 kHz sampling rate. The 
coder operates on speech frames of 20 ms. At each frame, the speech signal is analysed to extract the parameters of the 
CELP model (LP filter coefficients, adaptive a11d fixed codebooks' indices and gains). In addition to these parameters, 
high-band gain indices are computed in 23.85 kbitls mode. These parameters are encoded and transmitted. At the 
decoder, these parameters are decoded and speech is synthestzed by filtenng the reconstructed excttat10n stgnal thfough 
the LP synthesis ftlter. 

Claim29 
For the accused products, one of said at least two signal paths comprises no filter for fi ltering the pitch codevector before 
supplying said pitch codevector to the pitch prediction error calculating device. 
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A cellular mobile 
transmitter/receive 
r unit as defined 
in claim 28, 
wherein each pitch 
prediction error 
calculating device 
comprises: 
a) a convolution 
unit for convolving 
the pitch 
codevector with a 
weighted 
synthesis fi lter 

 

5. 7 Adaptive code book 
In order to enhance the pitch prediction perfonnauce ill wideband si~lnb. a fi·equency-dependant pitch predictor is 
used. This is imponant in wideband signals since the periodicity doesn't necessarily extend o\·er the whole specn·mn. In 
tlus al~orithm. there are two signaJ pat b.~ associated to respecti,·e set!> of pitch codebook parameters. wherein each 
signal path comptises a pitch prediction error calculating de,·ice for calculating a pitch prediction error of a p itch 
code,·ector from a pitch code book search de,·ice. One of these two paths comprises a !ow-pass filter for fiheri.ng the 
pitch codeYector and the pitch prediction etror is calculated for these two si~al paths. Ute signaJ path baYing the 
lowest calculated pitch prediction etTOr is selected. a lout~ with the associated pirch g.ain. 

Tile low pass filter used in the second path is itt the fonn Bu(:)-0.1S:•0.6.t-0.18:·' . Note tl1<1t l bit is use<i to encode 
the chosen path. 

Thus. for 12.65. 14.25. 1 5.85. 18.25. 19.85. 23.05 or 23.85 kbitls modes. there are rwo possibilities to 2enerare the 
l 

adapti,·e codebook t'(ll). t'(n) = , .'(n) in r!H~ first pnrh. or v(u) = 'I. bLP(i + l)v'( 11 + ;}inrhe !.econd path. where 
J-1 

bu-(O. l8.0.6..t.O.l8]. TI1e path which results w minimum energy of the target siptal x2{11) defined in Equt'lbon {40) is 
selected for the filtered adaptj,·e codebook Yector. For 6.60 .-.nd 8.85 kbitls modes. ' '(11) is always 

l 

l'(ll) = ~bLP (i + l)v'(u + i ) . 
I-I 

Claim 32 
For the accused products, each pitch prediction error calculating device comprises a convolution unit for convolving the pitch 
codevector with a weighted synthesis filter impulse response signal and therefore calculating a convolved pitch codevector. 

For example, as defined in the technical specification for the AMR-WB speech codec, v(n) corresponds to the pitch codebook 
vector and h(n) corresponds to the impulse response of the weighted synthesis filter. The pitch codebook vector is 
convolved with the weighted synthesis impulse response to calculate y(n), a convolved pitch code vector. 
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impulse response 
signal and 
therefore 
calculating a 
convolved pitch 
codevector; 

 
 

 
b) a pitch gain 
calculator for 
calculating a pitch 
gain in response 
to the convolved 
pitch codevector 
and a pitch search 
target vector; 

For the accused products, each pitch prediction error calculating device comprises a pitch gain calculator for calculating a 
pitch gain in response to the convolved pitch codevector and a pitch search target vector. 
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c) an amplifier for 
multiplying the 
convolved pitch 
codevector by the 
pitch gain to 
thereby produce 
an amplified 
convolved pitch 
codevector; and 

For the accused products, each pitch prediction error calculating device comprises an amplifier for multiplying the convolved 
pitch codevector by the pitch gain to thereby produce an amplified convolved pitch codevector. 
 

 
d) a combiner 
circuit for 
combining the 
amplified 
convolved pitch 
codevector with 
the pitch search 
target vector to 
thereby produce 
the pitch 
prediction error. 

For the accused products, each pitch prediction error calculating device comprises a combiner circuit for combining the 
amplified convolved pitch codevector with the pitch search target vector to thereby produce the pitch prediction error. 
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A cellular mobile 
transmitter /receive 
r unit as defined 
in claim 32, 
wherein said pitch 
gain calculator 
comprises a 
means for 
calculating said 
pitch gain bul using 
the relation: 

bul=x1yGl/llytilll2 

where j =O, 1, 2, .. 
. , K, and K 
corresponds to a 
number of signal 
paths, and where 
x is said pitch 
search target 

 

Then the following operations are repeated for each subframe: 

The target signal x (n) is computed by filtering the LP residual through the weighted synthesis filter W{.: )H(.:) 
with the initial states of the filters having been updated by filtering the error ben:veen LP residual and excitation 
(this is equivalent to the common approach of subtracting the zero input response of the weighted synthesis filter 
from the weighted speech signal). 

The impulse response, h(n) of the weighted synthesis filter is computed. 

Closed-loop pitch analysis is then performed (to fmd the pitch lag and gain), using the wget x(n) and impulse 
response h(n), by searching around the open-loop pitch lag. Fractional pitch with 1/4th or l /2nd of a sample 
resolution (depending on the mode and the pitch lag value) is used. The interpolating filter in fractional pitch 
search has low pass frequency response. Further, there are two potential low-pass characteristics in the the 
adaptive codebook and this infonnation is encoded with 1 bit 

The target signal x(n) is updated by removing the adaptive codebook contribution (filtered adaptive codevector), 
and this new target, xz(n). is used in the fixed algebraic code book search (to find the optimum innovation). 

Claim 33 
The accused products comprise a pitch analysis device as defined in claim 5, wherein said pitch gain calculator comprises a 
means for calculating said pitch gain bul using the relation: 

Additionally, j=O, 1, 2, ... , K, and K corresponds to a number of signal paths, and where x is said pitch search target vector 
and y l is said convolved pitch codevector. 
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vector and y' is 
said convolved 
pitch codevector. 

A cellular mobile 
transmitter /receive 
r unit as defined 
in claim 28, 
wherein said pitch 
prediction error 
calculating device 
of each signal 
path comprises 
means for 
calculating an 
energy of the 
corresponding 
pitch prediction 
error, and wherein 
said selector 
comprises means 
for comparing the 
energies of said 
pitch prediction 
errors of the 
different signal 
paths and for 
choosing as the 

 

Release 10 26 3GPP TS 26.190 V10.0.0 (2011-03) 

I The adaptive code book gain is then found byJ 

_ I:~J xCnty(n) l [!d- 63 

1 
bounded by 0 S g P S 1.2, L, ( y(n)y(n) 

( 39 ) 

where y(n) = v(n) :th(n) is the ftltered adaptive codebook Yector (zero-state responc;e of H (z)W (z) to v,(n)). To insure 

stability, the adaptive code book gain gP is bounded by 0.95, if the adaptive code book gains of the previous sub frames 
have been small and the LP filters of the previous subframes have been close to being unstable. 

Claim 35 
For the accused products, the pitch prediction error calculating device of each signal path comprises means for calculating 
an energy of the corresponding pitch prediction error, and wherein said selector comprises means for comparing the 
energies of said pitch prediction errors of the different signal paths and for choosing as the signal path having the lowest 
calculated pitch prediction error the signal path having the lowest calculated energy of the pitch prediction error. 
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signal path having 
the lowest 
calculated pitch 
prediction error 
the signal path 
having the lowest 
calculated energy 
of the pitch 
prediction error. 

A network 
element, 
comprising: 
a transmitter 
including an 
encoder for 
encoding a 
wideband signal 
as recited in claim 
10 and a 
transmission 
circuit for 
transmitting the 

 

5. 7 Adaptive code book 
In order to enhru1ce the pitch prediction performance in wideband si~als. a frequency-dependant pitch predictor is 
med. This is important in wideband signals .since the periodicity doesn't necessarily extend oYer the whole specn1.un. In 
tllis algoridmL there are two si~al paths associated 10 respecti\·e sets of pitch codebook parameters. wllereiu each 
sign.al pall• comprises a pitch prediction error cakulatin!l de,;ce for calculatiuf- a pitch prediction e1ror of a pitch 
codevector from a pitch codebook search de,·ice. One of these two paths comprises a low-pass fiJter for fiheriu.g; the 
pnch code\'ector and the pitch prediction en·or is calculated for thes.e rwo si~al paths. The si~nal path h:will!l the 
lowest calcul:ned pitch prediction etTor is selecred. along with rhe associated pitch gain. 

The low pas!> filler med iu the second path is in the fonn Bu{;)aoQ. lS:-"0.64+0.18:'1• Note that 1 bit i!> used to encode 
the chosen path. 

Tint£. for 12.65. 14.25. 15.85. 18.25. 19.85. 23.05 or 23.85 kbi s modes. there are two possibilities to generate the 
I 

adapti,·e codebook 1'(11). 1'(11) = , .'(n) in the first pnth. or v(n) = L b/J' (i + 1)\ ,.(11 + i) in the second path. where 
1-- 1 

bL.P""[0.18.0.64.0.18]. The path which rt sulrs in minimum energY of the tar~:ter si2nal x,(ll) defmed m Egutnion (.tO) is 
selected for the filtered ~dapti,·e code book ,-ector. For 6.60 and 8.85 kbi tJs modes. 1'(11) is always 

1 

l'(H) = L b/J'(i + l)v'(n + i ) . 
I-I 

Claim 37 
The accused products comprise a transmitter including an encoder for encoding a wide band signal as recited in claim 10 and 
a transmission circuit for transmitting the encoded wideband signal. 
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encoded 
wideband signal. 

38. A network 
element as 
defined in claim 
37, wherein one of 
said at least two 
signal paths 
comprises no fi lter 
for filtering the 
pitch codevector 
before supplying 
said pitch 
codevector to the 
pitch prediction 
error calculating 
device. 

 

4.3 Principles of the adaptive multi-rate wideband speech 
encoder 

The encoder performs the analysis of the LPC, L TP and fixed codebook parameters at 12.8 kHz sampling rate. The 
coder operates on speech frames of20 ms. At each frame, the speech signal is analysed to extract the parameters of the 
CELP model (LP filter coefficients, adaptive and fixed codebooks' indices and gains). In addition to these parameters, 
high-band gain ind.ices are computed in 23.85 kbitls mode. These parameters are encoded and transmitted. At the 
decoder, these parameters are decoded and speech is synthes tzed by filtenng the reconstructed excttattou stgnal thl-ougll 
the LP synthesis filter. 

Claim 38 
For the accused products, one of said at least two signal paths comprises no fi lter for fi ltering the pitch codevector before 
supplying said pitch codevector to the pitch prediction error calculating device. 

5. 7 Adaptive code book 
In order to enhance the pitch prediction perfonnance iu wideband si~1als. a frequency-dependant pitch predictor is 
used. Titis is imponant in wideband s ignals sutce the periodicity doesn't necessarily extend m ·er the whole spectrum. In 
tltis algorithm. there are two si!!Jlal paths associated to respectj\'e sets of pitch codebook parameters. wherein each 
si~nal path compti ses a pitch prediction error calculating deYice for ca.lculating a pitch pre<hction error of a pitch 
code,·ecror from a pitch code book search de,·ice. One of these two paths comprises <\ low-pass filter for fihering rhe 
pitch codeYector and the pitch prediction eiTOr is calculated for these two si~al paths. Tite signal palh lun-ing the 
lowesr calculated pitch prediction error is selected, along with the associated pitch gain. 

The low pass filler 1ased in the second path is in the fonu Bu{:)-(). 18:+0.6-.P ·O.l 8:"1
• Note that 1 bir i~ used to encode 

the chosen path. 

TinJS. for 12.65. 14.25. 15.85. 18.25. 19.85. 23 05 or 23.85 kbitls modes. there are rwo possibilities to 2enerare the 
I 

adaptiYe codebook \'(71). 1'(n) = ,·'(n) in the fiJ'St path. or v(11) = "'. bLP(i + l )v'(u + i)in the second path. where 
1-- 1 

bu->-{0.18.0.64.0. 18]. l11e path which results in uunimum euer~ of the target ~o i~utl .\'2(11) defiued iu Equation ( ~0) is 
selected for the filtered adaptiYe codebook , ·ector. For 6.60 and 8.85 kbi s modes. ' '(n) is always 

I 

v(n) = L,blP(i + l)l·'(n + i). 
1-t 
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A network element 
as defined in claim 
37, wherein each 
pitch prediction 
error calculating 
device comprises: 
a) a convolution 
unit for convolving 
the pitch 
codevector with a 
weighted 
synthesis fi lter 
impulse response 
signal and 
therefore 
calculating a 
convolved pitch 
code vector; 

b) a pitch gain 
calculator for 
calculating a pitch 
gain in response 
to the convolved 
pitch codevector 
and a pitch search 
target vector; 

 

Claim 41 
For the accused products, each pitch prediction error calculating device comprises a convolution unit for convolving the pitch 
codevector with a weighted synthesis filter impulse response signal and therefore calculating a convolved pitch codevector. 

For example, as defined in the technical specification for the AMR-WB speech codec, v(n) corresponds to the pitch codebook 
vector and h(n) corresponds to the impulse response of the weighted synthesis filter. The pitch codebook vector is 
convolved with the weighted synthesis impulse response to calculate y(n), a convolved pitch code vector. 
Release 10 10 3GPP TS 26.190 V10.0.0 (2011-03) 

The LP residual signal 

c(n) The flXed codebook vector 

I v(n) The adaptive codebook \·ector I 
I y( n) = v ( n )* h( n) The flltered adaptive code book vector I 

The distance between the immittance spectral frequencies fi+l and fi-1 

h(n) The impulse response of the weighted synthesis filter 

H(::)W(z) The weighted synth esis filter 

For the accused products, each pitch prediction error calculating device comprises a pitch gain calculator for calculating a 
pitch gain in response to the convolved pitch codevector and a pitch search target vector. 
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c) an amplifier for 
multiplying the 
convolved pitch 
codevector by the 
pitch gain to 
thereby produce 
an amplified 
convolved pitch 
codevector; and 

For the accused products, each pitch prediction error calculating device comprises an amplifier for multiplying the convolved 
pitch codevector by the pitch gain to thereby produce an amplified convolved pitch codevector. 
 

 
d) a combiner 
circuit for 
combining the 
amplified 
convolved pitch 
codevector with 

For the accused products, each pitch prediction error calculating device comprises a combiner circuit for combining the 
amplified convolved pitch codevector with the pitch search target vector to thereby produce the pitch prediction error. 
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the pitch search 
target vector to 
thereby produce 
the pitch 
prediction error. 

A network element 
as defined in claim 
41 , wherein said 
pitch gain 
calculator 
comprises a 
means for 
calculating said 
pitch gain bul using 
the relation: 

 

5.8.3 Codebook search 

The algebraic codebook is searched by minimizing the mean square error between the weighted input speech and the 
weighted synthesis speech. The target signal used in the closed-loop pitch search is updated by subtracting the adaptive 
codebook contribution. That is 

( 40) 

Then the following operations are repeated for e.ach subframe: 

The target signal x(n) is computed by filtering the LP residual through the weighted synthesis filter W(z)H(:) 
with the initial states of the filters having been updated by ftltering the error between LP residual and excitation 
(this is equivalent to the common approach of subtracting the zero input response of the weighted synthesis filter 
from the weighted speech signal) . 

- The impulse response, h(n} of the weighted synthesis filter is computed. 

- Closed-loop pitch analysis is then performed (to find the pitch lag and gain), using the target x(n} and impulse 
response h(n), by searching arotmd the open-loop pitch lag. Fractional pitch with l/4th or l /2nd of a sample 
resolution (depending on the mode and the pitch lag ,-alue) is used. The interpolating filter in fractional pitch 
search has low pass frequency response. Further, there are two potential low-pass characteristics in the the 
adaptive codebook and d:Us infonuation is encoded with 1 bit 

- The target signal x(n) is updated by removing the adaptive code book contribut.ion (filtered adaptive codeYector), 
and tl:Us new target, x1(n). is used in the fixed algebraic codebook search (to find the optimum innovation). 

Claim42 
The accused products comprise a pitch analysis device as defined in claim 5, wherein said pitch gain calculator comprises a 
means for calculating said pitch gain bul using the relation: 

b ul =x 1 y ul l ily ulll2 

Additionally, j=O, 1, 2, ... , K, and K corresponds to a number of signal paths, and where x is said pitch search target vector 
and y l is said convolved pitch codevector. 
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where j=O, 1, 2, .. 
. , K, and K 
corresponds to a 
number of signal 
paths, and where 
x is said pitch 
search target 
vector and y> is 
said convolved 
pitch codevector. 

A network element 
as defined in claim 
37, wherein said 
pitch prediction 
error calculating 
device of each 
signal path 
comprises means 
for calculating an 
energy of the 
corresponding 
pitch prediction 
error, and wherein 
said selector 
comprises means 
for comparing the 
energies of said 
pitch prediction 
errors of the 
different signal 
paths and for 
choosing as the 
signal path having 
the lowest 
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I The adaptive code book gain is then found byJ 

_ I:~J xCnty(n) l [!d- 63 

1 
bounded by 0 S g P S 1.2, L, ( y(n)y(n) 

( 39 ) 

where y(n) = v(n) :th(n) is the ftltered adaptive codebook Yector (zero-state responc;e of H (z)W (z) to v,(n)). To insure 

stability, the adaptive code book gain gP is bounded by 0.95, if the adaptive code book gainc; of the previous sub frames 
have been small and the LP filters of the previous subframes have been close to being unstable. 

Claim44 
For the accused products, the pitch prediction error calculating device of each signal path comprises means for calculating 
an energy of the corresponding pitch prediction error, and wherein said selector comprises means for comparing the 
energies of said pitch prediction errors of the different signal paths and for choosing as the signal path having the lowest 
calculated pitch prediction error the signal path having the lowest calculated energy of the pitch prediction error. 
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calculated pitch 
prediction error 
the signal path 
having the lowest 
calculated energy 
of the pitch 
prediction error. 

A pitch analysis 
method for 
producing a set of 
pitch codebook 
parameters: 

 

5. 7 Adaptive code book 
In order to enhance the pitch prediction perfonnance i1l wideband &i~lals. a frequency-dependant pitch predictor is 
used. Titis is important in widebnnd s ignals s ince the periodicity doesn't necessarily extend o\·er the whole spectrum. In 
tllis nl~orithm. there are two si~ patl1S associated to respecti,·e sets of pitch codebook parameters. wherein each 
signal path comprises a pitch prediction error calculatin!'! de,;ce for calculatin~oY a pitch prediction error of a pitch 
coden~ctor from a pitch code book search de\'ice. One of these two paths comprises a low-pass filter for filterin~ the 
pitch code,·ector and the pitch prediction error is calculated for these two si~al paths. The signal path ha,·ing the 
lowest calculated pitcb prediction error is selected. along with the associated pitch gain . 

Tite low pass filter usiXI in the second path is in the fom1 Bu(:)-0. 18.:-+0.6-t-0.18.:'1. Note that 1 bit is used to encode 
the chosen path. 

Tims. for ! :!.65. 14.25. 1S.SS. 18.25. 19.85. 23.05 or 23.85 kbit/s modes. there are lwo possibilities to ~euerate the 
I 

adapri,·e codebook l'(n). ,·(n) "" ,.'lnJ ill the fil'$t path. or r(n) = L biJ> (; + l)1•'(u + i ) in the S«oud path. where 
1• - l 

buo-(0. 18.0.64.0.1 8). TI1e path which resulLs in minimum ene1·g>• oft be tarscet si2Jlal .\;(Tt) defnted in Equation (.lO) is 
selected for the flhered adaptiYe codebook \-ector. For 6.60 and 8.85 kbitls mode~. t'(n) is always 

I 

v(n) = L biJ> (i + l)l·'(n + i} . ,_. 
Claim 55 

The accused products practice a pitch analysis method for producing a set of pitch codebook parameters. 

For example, the accused products practice the Adaptive Multi-Rate - Wideband (AMR-WB) speech codec standard. See 
3GPP TS26.190 v10.0.0 (2011-03). Under this standard, the accused products comprise a pitch analysis device for 
producing a set of pitch codebook parameters. 
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generating a pitch 
code vector from a 
pitch codebook 
search device 
based on a 
digitized input 
audio data, 
wherein said 
digitized input 
audio data 
represents an 
input audio signal 
that has been 
sampled and 

The accused products generate a pitch code vector from a pitch codebook search device based on a digitized input audio 
data, wherein said digitized input audio data represents an input audio signal that has been sampled and digitized. 
 
For example, the accused devices comprise a pitch codebook search device that is configured to generate a pitch code 
vector based on a digitized input audio data.   
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digitized;  
The digitized input audio signal represents an input audio signal that has been sampled and digitized. 
 

 
a) in at least two 
signal paths 
associated to 
respective sets of 
pitch codebook 
parameters 
representative of 
said digitized input 
audio data, 
calculating, for 
each signal path, 
a pitch prediction 

In at least two signal paths associated to respective sets of pitch codebook parameters representative of said digitized input 
audio data, the accused products calculate, for each signal path, a pitch prediction error of said pitch codevector from said 
pitch codebook search device. 
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error of said pitch 
codevector from 
said pitch 
codebook search 
device: 

For 
example, the accused products must support at a minimum the AMR-WB codec set, including the 6.6, 8.85. and 12.65 Kbit/s 
codes under the HD Voice Logo License Agreement.  See Annex C for minimum HD Voice requirements. 
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b) in at least one 
of said at least two 
signal paths, 
filtering the pitch 
codevector before 
supplying said 
pitch codevector 
for calculation of 
said pitch 
prediction error of 
said at least one 
signal path; and 

For the accused products, in at least one of said at least two signal paths, the accused products filter the pitch codevector 
before supplying said pitch codevector for calculation of said pitch prediction error of said at least one signal path. 
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c) comparing the 
pitch prediction 
errors calculated 
in said at least two 
signal paths, 
choosing the 
signal path having 
the lowest 
calculated pitch 
prediction error, 
and selecting the 
set of pitch 
codebook 
parameters 

The accused products compare the pitch prediction errors calculated in said at least two signal paths, choosing the signal 
path having the lowest calculated pitch prediction error, and selecting the set of pitch codebook parameters associated to the 
chosen signal path. 
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associated to the 
chosen signal 
path. 

38. A pitch 
analysis method 
as defined in claim 
55, wherein, in 
one of said at 
least two signal 
paths, no filtering 
of the pitch 
codevector is 
performed before 
supplying said 
pitch codevector 
to a pitch 

 

5.7 Adaptive codebook 
1u order to enhance the pitch prediction perfonnance in wideband si~als. a frtqueucy-de~udaut pitch predictor is 
used. This is important in widebaud signals since the periodicity doesn 't necessarily extend m·er the whole spectrum. In 
this alsoridun. the.re are two si~l path<> associated to re~pe-cri\·e sers of pirch codebook parameters. wherein each 
sig.tal path comprises a pitdt prediction error calcuJatiug de\-ice for calculating a pitch prediction error of a pitch 
codeYector from a pitch codebook search device. One of the~e two paths compri~e~ a low-pass ftlter for fiher1ng the 
pitch code\·ector and the pitch prediction etTor is calculated for d1ese two signal paths. TI1e sipaJ path lunmg the 
lowe~r calculated pitch prediction error is selected. alOllf with the associated pitch gain. 

Tite low pass filrer \I.Se'd in the second p:uh is in the fonu BJ..P(:)w.(). 18:+0.6-HO.l8:'1• Nore tll.at 1 bit is used to encode 
the chosen path_ 

Tims. for 12.65. 1·.1.25. 15.85. 18.25. 19.85. 23.05 or 23.85 kbit/s lllodes. there are two possibilities to generate the 
I 

adaptiw codebook \'(11). ' '(n) = , .'(n) in the first path. or v(u);:;:; L bl.P (i + l)\"(n + i)in the second path. where 

hLP""[ 0.18.0.64.0.18). The path which results in mininmm energx of the tar2.er si~tnal x,(ll) defmed in Equation ( 40) is 
selected for the flhered adaptiYe codebook \·ector. For 6.60 and S.SS kbitl~ mode~. 1'(11) i~ always 

I 

v(n) ;:;:; LblJI(i + l)l·'(n + i) . 
t - 1 

Claim 56 
For the accused products, one of said at least two signal paths comprises no filter for fi ltering the pitch codevector before 
supplying said pitch codevector to the pitch prediction error calculating device. 
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prediction error 
calculating device. 

A pitch analysis 
method as defined 
in claim 55, 
wherein 
calculating a pitch 
prediction error in 
each signal path 
comprises: 
a) convolving the 
pitch codevector 
with a weighted 
synthesis fi lter 
impulse response 

 

5.7 Adaptive codebook 
1u order to enhance the pitch prediction perfonnance in wideband si~als. a frtqueucy-de~udaut pitch predictor is 
used. This is important in widebaud s ignals since the periodicity doesn ' t necessarily extend m·er the whole spectrum. In 

this alsoridun. the.re are two si~l path<> associated to re~pe-cri\·e sers of pirch codebook parameters. wherein each 
sig.tal path comprises a pitdt prediction error calcuJatiug de\·ice for calculating a pitch prediction error of a pitch 
codeYector from a pitch codebook search device. One of the~e two paths compri~e~ a low-pass ftlter for fiher1ng the 
pitch code\·ector and the pitch prediction etTor is calculated for dtese two signal paths. TI1e signal path lunmg the 
lowe~r calc\llated pitch prediction error is selected. alontt with the associated pitch gain. 

Tite low pass filrer \J.Seod in the second p:uh is in the fonu BJ..P(:)w.(). 18:+0.6-HO.l8:'1, Nore tll.at 1 bit is used to encode 
the chosen path. 

Tims. for 12.65. l ·US. 15.SS. 18.25. 19.SS. 23.05 or 23.85 kbit/s lllodes. there are two pO!.sibilities to generate the 
I 

adaptiw codebook \'(11). ' '(n) = , .'(n) in rhe first path. or v (u );:;:; L bl.P (i + l)\"(n + i)in the second path. where 

hLP""[ 0.18.0.64.0.18). The parh which results in min.inmm ener~ of the tar~er si~1al x2(11) defmed in Equation ( 40) is 
selected for the f1hered adaptiYe codebook \·ector. For 6.60 and 8.SS kbi tls mode~. 1'(11) i~ always 

I 

v(n) ;:;:; LblJI(i + l)l·'(n + i) . 
t - 1 

Claim 59 
The accused products convolve the pitch codevector with a weighted synthesis filter impulse response signal and therefore 
calculate a convolved pitch codevector. 

For example, as defined in the technical specification for the AMR-WB speech codec, v(n) corresponds to the pitch codebook 
vector and h(n) corresponds to the impulse response of the weighted synthesis filter. The pitch codebook vector is 
convolved with the weighted synthesis impulse response to calculate y(n), a convolved pitch code vector. 
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signal and 
therefore 
calculating a 
convolved pitch 
codevector; 

 
 

 
b) calculating a 
pitch gain in 
response to the 
convolved pitch 
codevector and a 
pitch search target 
vector; 

The accused products calculate a pitch gain in response to the convolved pitch codevector and a pitch search target vector. 
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c) multiplying the 
convolved pitch 
codevector by the 
pitch gain to 
thereby produce 
an amplified 
convolved pitch 
codevector; and 

The accused products multiply the convolved pitch codevector by the pitch gain to thereby produce an amplified convolved 
pitch codevector. 
 

 
d) combining the 
amplified 
convolved pitch 
codevector with 
the pitch search 
target vector to 
thereby produce 
the pitch 
prediction error. 

The accused products combine the amplified convolved pitch codevector with the pitch search target vector to thereby 
produce the pitch prediction error. 
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A pitch analysis 
method as defined 
in claim 59, 
wherein said pitch 
gain calculator 
comprises a 
means for 
calculating said 
pitch gain bul using 
the relation: 

where j=O, 1, 2, .. 
. , K, and K 
corresponds to a 
number of signal 
paths, and where 
x is said pitch 
search target 

 

Then the following operations are repeated for each subframe: 

The target signal x(n) is computed by filtering the LP residual through the weighted synthesis filter W(= )H(=) 
with the initial states of the filters having been updated by ftltering the error between LP residual and excitation 
(this is equivalent to the common approach of subtracting the zero input response of the weighted synthesis filter 
from the weighted speech signal) . 

TI1e impulse response, h(n) of the weighted synthesis filter is computed. 

Closed-loop pitch analysis is then performed (to find the pitch lag and gain), using the target x(n) and impulse 
response h(n), by searching around the open-loop pitch lag. Fractional pitch with l /4th or l /2nd of a sample 
resolution (depending on the mode and the pitch lag ,-alue) is used. The interpolating filter in fractional pitch 
search has low pass frequency response. Further, there are two potential low-pass characteristics in the the 
adaptive codebook and this information is encoded with 1 bit. 

The target signal x(n) is updated by removing the adaptive codebook contribution (filtered adaptive codevector), 
and flus new target, x1(n) , is used in the fixed algebraic codebook search (to fwd the optimum innovation). 

Claim60 
The accused products comprise a pitch analysis device as defined in claim 5, wherein said pitch gain calculator comprises a 
means for calculating said pitch gain bul using the relation: 

b <il =x 1 y ul /Uy ulll2 

Additi_onally, j=O, 1, 2, ... , K, and K corresponds to a number of signal paths, and where x is said pitch search target vector 
and y1 is said convolved pitch code vector. 
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vector and y' is 
said convolved 
pitch codevector. 

A pitch analysis 
method as defined 
in claim 55, 
wherein 
calculating said 
pitch prediction 
error, in each 
signal path, 
comprises 
calculating an 
energy of the 
corresponding 
pitch prediction 
error, and wherein 
comparing the 
pitch prediction 
errors comprises 
comparing the 
energies of said 
pitch prediction 
errors of the 
different signal 
paths and 
choosing as the 

 

Release 10 26 3GPP TS 26.190 V10.0.0 (2011-03) 

I The adaptive code book gain is then found byJ 

_ I:~J xCnty(n) l [!d- 63 

1 
bounded by 0 S g P S 1.2, L, ( y(n)y(n) 

( 39 ) 

where y(n) = v(n) :th(n) is the ftltered adaptive codebook Yector (zero-state responc;e of H (z)W (z) to v,(n)). To insure 

stability, the adaptive code book gain gP is bounded by 0.95, if the adaptive code book gains of the previous sub frames 
have been small and the LP filters of the previous subframes have been close to being unstable. 

Claim62 
For the accused products, wherein calculating said pitch prediction error, in each signal path, comprises calculating an 
energy of the corresponding pitch prediction error, and wherein comparing the pitch prediction errors comprises comparing 
the energies of said pitch prediction errors of the different signal paths and choosing as the signal path having the lowest 
calculated pitch prediction error the signal path having the lowest calculated energy of the pitch prediction error. 
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signal path having 
the lowest 
calculated pitch 
prediction error 
the signal path 
having the lowest 
calculated energy 
of the pitch 
prediction error. 

 
 

 

5.7 Adaptive codebook 
In order ro enhance rhe pirch predicrion perfonnance in wideband si~nals. a frequency-dependMll pirch predicror is 
used. This is important in wide band s ignals s ince the periodicity doesn't necessatily extend over the whole spectnun. ln 
this algotiduu. there are two signal path.c; associated to respecti,·e sets of pitch codebook parameters. wherein each 
sip ml path comptises a pitch prediction error calculatin?- de\·ice for caJculatinp: a pitch prediction etTor of a pitch 
code,·ecror from a pirch codebook search de,·ice. One of rhese rwo parhs compr·ises a low-pass filter for filtering rhe 
pitch code\·ector and the pitch prediction en·or is calculated for these two si~tal paths. The si~:n.al path hadu~ the 
lowest calculated pitch prediction etTor is selected. along with the associated pitch gain. 

The low pass f!.lrer used inrbe second parh is inrhe fonn Bu(:)•O. J8:+0.64+0. JS:"1
• Nore dun I bir is used ro encode 

the chosen path. 

Thus. for 12.65. 14.25. 15.85. 18.25. 19.85. 23.05 or 23.85 kbirls modes. there are rwo possibiliries to generare rhe 
I 

adapri,·e codebook •·(11). •·(11) = •-'(11) in the ftrSt pari~ or v(u) = L bLP(i + l)v'(u + i)in the =ond parh. where 
t--1 

bLP"{0.18.0.64.0.18). Tite parh which resuhs in minimum euerpy of rhe taraer sianal x,(11) defu1ed in Equation ( 40) is 
selecred for rhe fthe•·ed adapri,·e code book ,·ecror. For 6.60 and 8.85 kbirls modes. r(11) is always 

I 

v(u) = L bLP(i + l)v'(u + i) . ,_, 
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