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I. Field of the Invention

The present invention relates to vocoders. More particularly, the
present invention relates to a novel and improved method for determining
speech encoding rate in a variable rate vocoder.

IL. Description of the Related Art

Variable rate speech compression systems typically use some form of
rate determination algorithm before encoding begins. The rate
determination algorithm assigns a higher bit rate encoding scheme to
segments of the audio signal in which speech is present and a lower rate
encoding scheme for silent segments. In this way a lower average bit rate
will be achieved while the voice quality of the reconstructed speech will
remain high. Thus to operate efficiently a variable rate speech coder
requires a robust rate determination algorithm that can distinguish speech
from silence in a variety of background noise environments.

One such variable rate speech compression system or variable rate
vocoder is disclosed in copending U.S. Patent Application Serial No.
07/713,661 filed June 11, 1991, entitled "Variable Rate Vocoder" and assigned
to the assignee of the present invention, the disclosure of which is
incorporated by reference. In this particular implementation of a variable
rate vocoder, input speech is encoded using Code Excited Linear Predictive
Coding (CELP) techniques at one of several rates as determined by the level
of speech activity. The level of speech activity is determined from the
energy in the input audio samples which may contain background noise in
addition to voiced speech. In order for the vocoder to provide high quality
voice encoding over varying levels of background noise, an adaptively
adjusting threshold technique is required to compensate for the affect of
background noise on the rate decision algorithm.

Vocoders are typically used in communication devices such as
cellular telephones or personal communication devices to provide digital
signal compression of an analog audio signal that is converted to digital
form for transmission. In a mobile environment in which a cellular

telephone or personal communication device may be used, high levels of
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this is the correct approach to setting the threshold levels, however, were
the signal level to rise with the background noise level, then compressing
the threshold levels is not an optimal solution. An alternative method for
15 setting threshold levels that takes into account signal strength is needed in
variable rate vocoders.

A final problem that remains arises during the playing of music
through background noise energy based rate decision vocoders. When
people speak, they must pause to breathe which allows the threshold levels

20 to reset to the proper background noise level. However, in transmission of
music through a vocoder, such as arises in music-on-hold conditions, no
pauses occur and the threshold levels will continue rising until the music
starts to be coded at a rate less than full rate. In such a condition the variable
rate coder has confused music with background noise.

SUMMARY OF THE INVENTION

The present invention is a novel and improved method and
apparatus for determining an encoding rate in a variable rate vocoder. It isa
30 first objective of the present invention to provide a method by which to
reduce the probability of coding low energy unvoiced speech as background
noise. In the present invention, the input signal is filtered into a high
frequency component and a low frequency component. The filtered
components of the inpuf signal are then individually analyzed to detect the
35 presence of speech. Because unvoiced speech has a high frequency
component its strength relative to a high frequency band is more distinct
from the background noise in that band than it is compared to the
background noise over the entire frequency band.
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frames over whxch the threshold levels have risen and checks for
periodicity over that number of frames. If the input signal is periodic this
would indicate the presence of music. If the presence of music is detected
15 then the thresholds are set at levels such that the signal is coded at full rate.

BRIEF DESCRIPTION OF THE DRAWINGS

The features, objects, and advantages of the present invention will
20 become more apparent from the detailed description set forth below when
taken in conjunction with the drawings in which like reference characters
identify correspondingly throughout and wherein:
Figure 1 is a block diagram of the present invention.

25 DETAILED DESCRIPTION OF THE PREFERRED
EMBODIMENTS

Referring to Figure 1 the input signal, S(n), is provided to subband
energy computation element 4 and subband energy computation element 6.
30 The input signal S(n) is comprised of an audio signal and background noise.
The audio signal is typically speech, but it may also be music. In the
exemplary embodiment, S(n) is provided in twenty millisecond frames of
160 samples each. In the exemplary embodiment, input signal S(n) has
frequency components from 0 kHz to 4 kHz, which is approximately the

35 bandwidth of a human speech signal.
In the exemplary embodiment, the 4 kHz input signal, S(n), is filtered
into two separate subbands. The two separate subbands lie between 0 and
2 kHz and 2 kHz and 4 kHz respectively. In an exemplary embodiment, the
input signal may be divided into subbands by subband filters, the design of
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values RL(0) and RH(0), simply by summing the squares of the subband
filter output samples, as is well known in the art.

that bargl than iThe sn-%fma e $ lof the subbangd filtees aré denoted hil(a),cfori r e
n

10 In a preferred embodiment, when input signal S(n) is provided to
subband energy computation element 4, the energy value of the low
frequency component of the input frame, RL(0), is computed as: ‘

L-1
Rp(0)=Rg(0)-Rpy (0)+2- Y Rg(i)-Rpy (i), (1)
i=1

15

where L is the number taps in the lowpass filter with impulse response
hL(n),
where Rg(i) is the autocorrelation function of the input sxgnal S(n), given
by the equation:

20

N
Rs(i)= Y S(n)-S(n~1i), forie[0,L-1) ()
n=1

where N is the number of samples in the frame,
and where RhL is the autocorrelation function of the lowpass filter hi (n)

25 given by:
L-1
Ry ()= Y hr(®)-h(n-1). forie[0,L-1] (3)
n=0
=0 else

30 The high frequency energy, RH(0), is computed in a similar fashion in
subband energy computation element 6.

The values of the autocorrelation function of the subband filters can

be computed ahead of time to reduce the computational load. In addition,

some of the computed values of R3(i) are used in other computations in the
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of RL(0) to subband rate decision element 12, and subband energy

computation element 6 provides the computed value of RH(0) to subband

15 rate decision element 14. Rate decision element 12 compares the value of
RL(0) against two predetermined threshold values T[1/2 and TLfy]l and
assigns a suggested encoding rate, RATEL, in accordance with the

comparison. The rate assignment is conducted as follows:

20 RATEL = eighth rate RL(0)<TL1/2 )
RATEL = halif rate TL1/2 <RL(0) < TLfull (5)
RATE] = full rate - RL(0) > TLfull (6)

Subband rate decision element 14 operates in a similar fashion and selects a
25 suggest encoding rate, RATEH, in accordance with the high frequency
energy value RH(0) and based upon a different set of threshold values
TH1/2 and THfull. Subband rate decision element 12 provides its suggested
encoding rate, RATEL, to encoding rate selection element 16, and subband
rate decision element 14 provides its suggested encoding rate, RATEH, to
30 encoding rate selection element 16. In the exemplary embodiment,
encoding rate selection element 16 selects the higher of the two suggest rates
and provides the higher rate as the selected ENCODING RATE.
Subband energy computation element 4 also provides the low
frequency energy value, RL(0), to threshold adaptation element 8, where the
35 threshold values TL1/2 and TLful]l for the next input frame are computed.
Similarly, subband energy computation element 6 provides the high
frequency energy value, RH(0), to threshold adaptation element 10, where
the threshold values TH1/2 and THfull for the next input frame are
computed.

SUBSTITUTE SHEET (RULE 26)
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160 sanpl es each. In the exenplary enbodi nent, input signal S(n) has
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4 W8 clexaminiag thennermalizedhautodoreeldtiont fhirlction NACE, widcleris given
Appl i cati Or@ép&%?ﬁk}éﬁ’n‘l\b 5,644,596 filed Febr uary 1, 1994, entitled

"Frequency Adaptive,Filtering"”, and assigned to the assignee
of the present invention, ianr por at ed by reference herein. 5
The i nmpul se responses of the subNeiid filters are denoted hL(n), for
e(n)-e(n~T)
NACF = max n=0 , )
T 1 N 12 2
Y e(n)+ Z e‘(n-T)
n-O =0

10 where e(n) is the formant xlesidual signal that results from filtering the
input signal, S(n), by an LPC filter.

The design of and filtering of a signal by an LPC filter is well known in the
art and is detailed in aforementioned U.S. Patent Application 08/004,484.

15 The input signal, S(n) is filtered by the LPC filter to remove interaction of
the formants. NACF is compared against a threshold value to determine if
an audio signal is present. If NACF is greater than a predetermined
threshold value, it indicates that the input frame has a periodic
characteristic indicative of the presence of an audio signal such as speech or

20 music. Note that while parts of speech and music are not periodic and will
exhibit low values of NACF, background noise typically never displays any
periodicity and nearly always exhibits low values of NACF.

If it is determined that S(n) contains background noise, the value of
NACE is less than a threshold value TH1, then the value RL(0) is used to

25 update the value of the current background noise estimate BGNL. In the
exemplary embodiment, TH1 is 0.35. RL(0) is compared against the current
value of background noise estimate BGNL. If RL(0) is less than BGNL, then
the background noise estimate BGNL, is set equal to RL(0) regardless of the
value of NACF.

30 The background noise estimate BGNL is only increased when NACF
is less than threshold value THI1. If RL(0) is greater than BGNL and NACF
is less than TH1, then the background noise energy BGNL is set «1*BGNL,
where o] is a number greater than 1. In the exemplary embodiment, a] is
equal to 1.03. BGNL will continue to increase as long as NACF is less than

35 threshold value TH1 and R (0) is greater than the current value of BGNL,



the lowpass filter, and hH(n), for the highpass filter. The ener of the
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values Rerr] (O and RH(O, sinply by summ ng the squares of the subband
filter output sanples, as is well known in the art. 10 In a
preferred enbodi nent, when input signal ¥n) is provided to subband
energy conputation eI enent 4, the energy value of the | ow frequency
conponent ofuntﬂeBGMutreidmsea predetdraoined madmuinestah®e BGNmax at which

L-1 point Be*badigbunid Acild l'ét?r)na@w 1i§et £oeb%gr ri(i) Rerr](i),
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sanpl es i t3s isrupdated. In theex aryRembodimenta THS: is sesitat0.%n Thenvaluen of
the lowpass dfiR{ @) iébdfpared agdilsia RurrerltdbWpass signal energy estimate, SL.. If
RL(0) is greater than the current value of SL, then S is set equal to RL(0). If
RL(0) is less than the current value of SL, then SL is set equal to a2°SL,, again
only if NACF is greater than TH2. In the exemplary embodiment, a2 is set
10 to 0.96.
Threshold adaptation element 8 then computes a sxgnal to noise ratio
estimate in accordance with equation 8 below:

SL
SNR¢g, =10-1
L= OS[BGNL] (8)

15 :

Threshold adaptation element 8 then determines an index of the quantized

signal to noise ratio ISNRL in accordance with equation 9-12 below:
20 ISNRL = nint[—-—SNRIg‘m], for 20 < SNRL < 55, (9)

=0, for SNRL < 20, (10)

=7 for SNRL 2 55.

25 where nint is a function that rounds the fractional value to the nearest
integer.

Threshold adaptation element 8, then selects or computes two scaling
factors, k1.1/2 and kLfull, in accordance with the signal to noise ratio index,

30 ISNRL. An exgmplary scaling value lookup table is provided in table 1
below:



30 The high frequency energy, Rerr](0), is conputed in a simlar fashion
in woegnssged energy conputation el enent 6. PCTVHi95109830es of

t he autocorrel ation function of the subband filters can be conput ed
ahead of tinme to reduce the conputational |oad. In addition, sone of
the conputed values of R err](i) ar8 used in other conputations in the

WO 96/ 05592 PCT/ US95/ 09830
5 coding of the input signafABKRY, which further reduces the net
conput atlongllﬁwgen of the encoq{pgyrate sel ection Kgtfgpd of the present

or ex

I nventi on. anpl e, the derivafion of LPC filter t val ues requires
t he comput@t i on of a set of i ZrQut si gnal autocor ri&at I on coefficients.
5 _The cofrput ati on of LPC fiyper tap values is Wld known in the art
and is detajled in the aboverregtoi oned U.S. Patent 1ﬁ®ol i cation
08/ 004, 484. |f %ne were to cod€“the speech with a“fitthod requiring a
ten tap LPC filgzer only the 8.6 18.5
4 8.9 194
5 94 20.9
6 11.0 25.5
7 15.8 39.8
These two values are used to compute the threshold values for rate ‘
selection in accordance with the equations below:
5
TL1/2=KL1/2'BGNL, and (11)
TLfull= KLfull' BGNL, (12)
where TL1/2 is low frequency half rate threshold value and
10 TLfull is the low frequency full rate threshold value.

Threshold adaptation element 8 provides the adapted threshold values

TL1/2 and TLfull to rate decision element 12. Threshold adaptation element

10 operates in a similar fashion and provides the threshold values TH1/2
15 and THful] to subband rate decision element 14. .

The initial value of the audio signal energy estimate S, where S can be
SI, or SH, is set as follows. The initial signal energy estimate, SINIT, is set to
-18.0 dBm0, where 3.17 dBm0 denotes the signal strength of a full sine wave,
which in the exemplary embodiment is a digital sine wave with an

20 amplitude range from -8031 to 8031. SINIT is used until it is determined
that an acoustic signal is present.

The method by which an acoustic signal is initially detected is to
compare the NACF value against a threshold, when the NACF exceeds the
threshold for a predetermined number consecutive frames, then an acoustic

25 signal is determined to be present. In the exemplary embodiment, NACF
must exceed the threshold for ten consecutive frames. After this condition
is met the signal energy estimate, S, is set to the maximum signal energy in

the preceding ten frames.
The initial value of the background noise estimate BGNL, is initially
30 set to BGNmax. As soon as a subband frame energy is received that is less

SURSTITUTE SHEET (RULE 26)
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a 25 suggesframesdiarg rencodedhTat, full acater dfolteweid: hbyha hfrgmé r edhvercy
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T[er?]y and T er?@@%%\? lri?§t§ée*dt 82%?@?3%%%%@?1 i%gp"’f“givﬂfe{""ﬁi’% glﬁjé@% ed
encodi ng rat & mm,rafa@sera@eql&sg !tb&% gelpé'cd'etﬁrmimdenninimumndSNRbbﬁmi
rate decify OENCODINGIRATE fof that Fachée0fcsee o RAPIARY. 'tH! fhe BIRP1ady 30

ion element 16. | n the exenplary enbodi ment,

encodi ng rate sel gct . .NE
encodi ng rat Sn'i\}é‘?i‘&ﬁrgnﬁéﬂ Predetermingd . minimym nrﬂpﬁﬁells 7.5 dBasvdefined cist
rat es andqnaﬁahcses the higher rate as the sel ected ENCODI NG RATE.
Subband ener gy corfRuttnat i or} el %rren% é al s rovi des the | ow
e preterred embodiment, the number of hangover frames is a
function of the signal to noise ratio. In the exemplary embodiment, the
15 number of hangover frames is determined as follows:

#hangover frames = 1 22.5 <SNR < 27.5, (13)
#hangover frames = 2 SNR < 225, (14)
#hangover frames = 0 SNR 2 27.5. (15)

20
The present invention also provides a method with which to detect
the presence of music, which as described before lacks the pauses which
allow the background noise measures to reset. The method for detecting the
presence of music assumes that music is not present at the start of the call.
25 This allows the encoding rate selection apparatus of the present invention
to properly estimate and initial background noise energy, BGNjnit. Because
music unlike background noise has a periodic characteristic, the present
invention examines the value of NACF to distinguish music from
background noise. The music detection method of the present invention
30 computes an average NACF in accordance with the equation below:

T
1 .
NACFAVE =7 Y NACF(), (16)

i=1

where NACF is defined in equation 7, and
35 where T is the number of consecutive frames in which the estimated value

of the background noise has been increasing from an initial background
noise estimate BGNINIT.



frequency energy value, Rerr](0), to threshold adaptation el enent 8, where
the 35 wogsmssgad val ues TL1/2 and TLfull for the next inRET/EI95/48834r e
conput ed. Simlarly, subband energy conputation elenment 6 provides the
hi gh - frequency energy value, RH(0), to threshol d adaptation el enent 10,
wher e the threshold values T[err] arfﬁi T[err] for the next input frane
are conput ed. WO 96/ 05592

PCT/ US95/ 09830 | 6

Threshol d adaptati on el enment 8 receives_th ow friequency ener gy, val ue,
Rlerr](0), and dHt dhei haskgreund, ngisg QMa s Beery ifcEeasings 05, the

audi o si gnaié:eaéte&mmawm@mbe‘mdfenﬁmi oD, drid (INAGE] WEWexceeds a
threshol d adaptation el mag_t&}g &fetferm nes i,f an?fﬂudl 0 sql\ﬂgé(l i S ar esent is
by 5 exami npreget 3 a theL Brysig is Astected, andoty BIQHRENPISe §i ven
by the eguaBGNis késetlto BGNjnit. It should be noted that to be effective the value T
must be set low enough that the encoding rate doesn’t drop below full rate.
Therefore the value of T should be set as a function of the acoustic signal
and BGNijnit.
The previous description of the preferred embodiments is provided
10 to enable any person skilled in the art to make or use the present invention.
The various modifications to these embodiments will be readily apparent to
those skilled in the art, and the generic principles defined herein may be ‘
applied to other embodiments without the use of the inventive faculty.
Thus, the present invention is not intended to be limited to the
15 embodiments shown herein but is to be accorded the widest scope consistent
with the principles and novel features disclosed herein.

WE CLAIM:



10 V\/nere ef?p)o | s the formant resiHuglllﬂlu%'!rﬂglllllslrmlllresul ts fromfr I ter| ng

t he $%nal, S(n), by an L The desi BRT/HFS
f||ter|ng of a signal by an LPC filter is well knovvnlnthe art andis
detailed in aﬁ*mfﬁmrhla#% °°§. Pat ent Application 08LQ04, 484 15 The

i nput si gnal , d by the LAG filter to §®HEGIA+eraction of
t he formants. d agal nig Ihar eshol d- al ue Fg; ét:‘émg i f
an audi o signal TS present Lér Ser than a prese

threshold value, it indi cates that the input frane has a periodlc

a0 st e | i rratio it S8RMERatle 3 AN B SRR o i DapBnP c "
and w | |2 rateexbedder ¢omprisingss of NACF, background noise typically ne\l@E:F
?:‘SPlt a?/g ggt/erm negaitlﬁcH g%%{y P‘?Pl?%@lns aﬁ%@ﬁg@ﬁoﬁg&%ﬁ% elt%%ld -
NACF i s 4 esietermining: arplamali qn&;gyt vielues| ire arcendance) with wsed
to 25 Upd?r‘éfléié?nﬁﬁé&'%uBBaﬁaeerfé&'gy &m se estimate BGNL. In

t he ar odi nent, THIL err npar a a| nst
the currént 948 @ teRmmation dnﬁernfnépg cTesEIVingt ﬁaléeniura?rtyrepg
| ess than Rekkgy tiables andtdt&eﬁacﬂsm $H1d Erdoding Satéih cBEPlarice wath e&iual to
Rierr]( %IYEEll L a val'ue of NACF. “30 The backgr ound
noi se e "‘2’ BRFFERBY FAEP when NACF is less than threshol d
val ue TH1 If R[err](O) I's greater than BGNL and NACF

2. The apparatus of Claim 1 wherein said subband energy

- 2 computation means determines each of said plurality of subband energy
values in accordance with the equation:

4
L-1
subband energy = Rg(0)- thp(0)+2 ZRS(I) thp(l)
i=1
6

where L is the number taps in the lowpass filter hy (n),
8 where Rg(i) is the autocorrelation function of the input signal, S(n), and
where RhL is the autqcorrelation function of a bandpass filter hbp(n).

3. The apparatus of Claim 1 further comprising threshold

2 computation means disposed between said subband energy computation

means and said rate determination means for receiving said subband energy

4 values and for determining a set of encoding rate threshold values in
accordance with plurality of subband energy values.

4. The apparatus of Claim 3 wherein said threshold computation
2 means determines a signal to noise ratio value in accordance with said
plurality of subband energy values.

5. The apparatus of Claim 4 wherein said threshold computation
2 means determines a scaling value in accordance with said signal to noise
ratio value.

6. The apparatus of Claim 5 wherein threshold computation
2 means determines at least one threshold value by multiplying a background
noise estimate by said scaling value.

SUBSTITUTE SHEET (RULE 26)



iMs] Ies[s than TH1, then the background nﬁlm“ﬁ%“ﬁ@ugﬂllr s set [err] BG\L,

ere nunber greater than 1 err
:v{'ﬁgf/bs?gf‘l O3Bbis SHE3HasBeF i nue“to i ncrease as g%n%g%g: [ ]

Iess than 35 threshm“ Hﬁm nd R[err](O) S greater than the current

val ue of BG\L,

PCT/ US95/,09830 THIS SHEET RAS RFfTi | BGNL

reaches a predeterm ned maxi numval ue BG\[err] at—whi '“ ACEDnm ptl t he

background noise estjmate BONL is.set.to.B di
signal is detedted, Lré'ﬁegﬁPPP&fuﬁyof t@% &eeﬁerﬁﬁl}sald raeﬁc‘e%tﬁm'gﬂﬁgéllelcgnd
Eﬂr eshgl dlct»sat eJ HPleabene biigaidl phatlityof gubbatd mefgy Galtles withatdedstd. | n
e exenpl ar i S set t. va f 0) i
conpar ed 9@5.%?3’3?%&?3%% ﬁaqncgﬁerr"%?atgstrﬁate gL Rl[ferr]( )

Rlerr](0) is greater than t he current value of SL, then SL is set equal to

Rerr](0). 11g  Rigg %éﬁ%fégﬁx'SIscfa@ﬂPst%éiBrf%%ievﬁz\%gd&%rﬁ[xﬁéﬁ&n then

S[err] is set agal n IS greater than
TH2. 112 t eeansconhpanesaxttleastrane of gaid pluralityeef swbbansl gnergy valtes with

Threshol d adppt AbLOGNE ﬁ&lcﬁvhﬂf@t&&@%&'&&ﬁe 3afd BA@Idihg ragd.se ratio
estimate in accordance w th equation 8 bel ow
9. The apparatus of Claim 1 wherein said rate determination
2 means determines a plurality of suggested encoding rates wherein each
suggested encoding rate corresponds to each of said plurality of subband .
4 energy values and wherein said rate determination means determines said
encoding rate in accordance with said plurality of suggested encoding rates.

10.  An apparatus for determining an encoding rate for a variable -
2 rate vocoder comprising:
signal to noise ratio means for receiving an input signal and
4 determining a signal to noise ratio value in accordance with said input
signal;
6 rate determination means for receiving said signal to noise ratio
value and determining said encoding rate in accordance with said signal to
8 noise ratio value.

11.  An apparatus for determining an encoding rate for a variable
2 rate vocoder comprising:
a subband energy calculator that receives an input signal and
4 determines a plurality of subband energy values in accordance with a
predetermined subband energy computation format;
6 a rate selector that receives said plurality of subband energy values
and selects said encoding rate in accordance with said plurality of subband
8 energy values.

.12.  The appara'tus of Claim 11 wherein said subband energy
2 calculator determines each of said plurality of subband energy values in
accordance with the equation:

L-1
subband energy = Rg(0)- Rhpp (0) +2- 2 Rs(i) Rhpp (),
i=1

SUBSTITUTE SHEET (RULE 26)



SNR[ err]
Thr eshol

si gnal

t he

8

where Rg(i) is the autocorrelation function of the input signal, S(n), and
where RhL is the autocorrelation function of a bandpass filter hbp(n).

13. The apparatus of Claim 11 further comprising threshold
calculator disposed between said subband energy calculator and said rate
selector that receives said subband energy values and determines a set of
encoding rate threshold values in accordance with plurality of subband
energy values.

14. The apparatus of Claim 13 wherein said threshold calculator
determines a signal to noise ratio value in accordance with said plurality of
subband energy values.

15.  The apparatus of Claim 14 wherein said threshold calculator
determines a scaling value in accordance with said signal to noise ratio
value.

16. The apparatus of Claim 15 wherein threshold calculator
determines at least one threshold value by multiplying a background noise
estimate by said scaling value.

17.  The apparatus of Claim 11 wherein said rate selector compares
at least one of said plurality of subband energy values with at least one
threshold value to determine said encoding rate.

18.  The apparatus of Claim 16 wherein said rate selector compares
at least one of said plurality of subband energy values with said at least one
threshold value to determine said encoding rate.

19. The apparatus of Claim 11 wherein said rate selector
determines a plurality of suggested encoding rates wherein each suggested
encoding rate corresponds to each of said plurality of subband energy values
and wherein said rate selector determines said encoding rate in accordance
with said plurality of suggested encoding rates.

20.  An apparatus for determining an encoding rate for a variable

d :
e e s seerue s (NI I

&v %@%?ai[’l qlﬂlsg{,&{@drgheeﬁ%gggd determ nes an index of s,té?e quant | zed

> t o noi se ratl ordance with equation_9-12 bel ow
25 where nint is a ullmnro ds the fractiona 20 THe
near est I nt eger. daptation el enent afsi -

corrpg)tes t wo scaling factors, k[err] and kL[err], TrmasliBi

i gnal to noi se rati o i ndex | SNR e rrplary scallng"
| ookup where L is the wmber taps; impthe 9WPaSSb‘e1F%§\r/}ﬂ (),

[err]
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19.4 a sighal P Boise ratio calculatorttht 2rgc%ives an input signé;loax?d

6 * - - * - .
15.8 4 determining a signalgto noisqrasio valne, in assordanqes with saidippus ¢ he

t hreshol d vggﬂgf» for rate sel ection in accordance wth the equations
bel ow. 5 ! Tlerr :Kerr,BG\l[erJ]. and . .

(11) 6 -rqtgrqefe_ct rTegeivies sajd signal to noise ratio value and selects
(12) . Wadentbding rate iwwcéordanece witlh shid sighsl fomeiseehtowallue and 10
TL[err] is the low frequency full rate threshold val ue. Threshol d

adaptation el enent 8 provides the adapted threshol d val ues
' 21. A method for determining an encoding rate for a variable rate

2 vocoder comprising the steps of:
receiving an input signal;

4 determining a plurality of subband energy values in accordance with
a predetermined subband energy computation format; and
6 determining said encoding rate in accordance with said plurality of ‘

subband energy values.

22. The method of Claim 21 wherein said step of determining a
2 plurality of subband energy values is performed in accordance with the

equation:
4
L-1
subband energy = Rg(0)- thp(0)+ 2. ZRs(i) . thp(i),
i=1
6

where L is the number taps in the lowpass filter hy (n),
8 where Rg(i) is the autocorrelation function of the input signal, S(n), and
where RhL is the autocorrelation function of a bandpass filter hpp(n).

23. The method of Claim 21 further comprising the step of
2 determining a set of encoding rate threshold values in accordance with
plurality of subband energy values.

24.  The method of Claim 23 wherein said step of determining a set
2 of encoding rate threshold values determines a signal to noise ratio value in
accordance with said plurality of subband energy values.

25. The method of Claim 24 wherein said step of determining a set
2 of encoding rate threshold values determines a scaling value in accordance
with said signal to noise ratio value.
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Terr] angygl§¢iskds t 0 rate deci |g‘@{e§L&mnt 12. Threshol d adi'e‘trﬁfsbg}&ﬁ enment
@R‘iﬂﬁ ues

10 operates 1n a sim|tisS rovides the threshold va err]
m n el ement 14. The initial

15 and TH err] to subba
val ue of the audio si gn te S, where S ¢aHIHEHEET HEK BWENSH,
is set as follows. The initial signal enelyy estimtel S NIREPLACEBet to

-18.0 dBnO, where_3.17 dBnO denotes the signal strength of a full sin

wave,  which |26 t heThe agthed ofeiaim Rﬁmherguasaxdgstea ofdatermining\atset an
20  anpl i pudgg Eﬁaﬂdﬁngrﬁ% thitshdla. @Qﬁés cﬁt&i‘rﬁlde% éh?&drd!@tt!ﬁeéﬁﬂ*klsvaluﬁ I%Iy
determ ne ? n acoustic sig IS gesen by
whi ch an acoButltiplying ahackground mwg/em by said scaling valyiepar e t he NACF

val ue against a threshold, when the NACF exceeds the threshold for a
predet erm ned nu r consecut fra t n acousti.c 25 signal is
deternined to bengfeseﬂﬁ bﬁa ﬁ%{?‘ygi rﬁghtsa‘ﬂlAéFtefm"Hﬂﬁt sgid eed
the threshol @nésding efat@mattelsvst leasresne Aftsaid tpluzaligpn @ftslﬂiband eh%rg'?

he pr sced nyeligs with pffesst orle thteSRaig Valhelipelomhing i Connd geising

noi se estimate BG\L is initially 30 set to BGJerr]. As soon as a subband

Lgﬁsgg%gésbs res. el V‘?ﬂe tn@tfholdso* i3im 26 v\\/r\ﬁexge%os%?g stel:g9 of said determining

2 said encoding rate compares at least one of said plurality of subband energy
values with said at least one threshold value to determine said encoding
4 rate.

29. The method of Claim 21 further comprising the step of
2 generating a suggested encoding rate in accordance with each of said
plurality of subband energy values and wherein said step of determining ari

4 encoding rate selects one of said suggested encoding rates.

30. A method for determining an encoding rate for a variable rate
2 vocoder comprising the steps of:
' receiving an input signal;
4 determining a signal to noise ratio value in accordance with said
input signal; and
6 determining said encoding rate in accordance with said signal to noise
ratio value.
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than B t he background noise estinmate is reset to t t he
recei ved%’fgggﬁ%} energy |level, and generation of the backg?g’&ﬁ%b%”géa

BG\L estinate proceeds as descri bed earlier. In a preferred

enbodi nent a hangover condition is actuated when 5 follow ng a series of
full rate speech franmes, a frane of a lower rate is detected. In the
exenpl ary enbodi nent, when four €onsetilti ve speech frames are encoded
at full rate followed by a franeZwhd e ENCODI NG RATE is set to a rate
less than full rate and the conpgt si gnal to noise ratios are |ess
than a predeterm ned m ni num SNRZ £he 10 ENCODI NG RATE for that frame is
set to full rate. In the exerrplazy enbodi nent the predeterm ned m ni num
SNR is 27.5 dBas defined in &0uation 8 In the preferred
enbodi nent, the nunber Hangder franmes is a function of the signal
to noise ratio. In the ex liarsy enbodi nent, the 15 nunmber of hangover
frames is determ ned as I : #hangdqver frames =1 22.5
< SNR < 27.5, (13)% _"3 #hangover frjames = 2

SNR [err] 22.5, (14)Zz @ #hangover frlanes = 0

SNR [err] 27.5. (1= » The presdnt invention al so

provides a nethod with which t@ detect t@e presence of nusic, which as

descri bed before lacks the p s which |l ow t he background noi se
measures to reset. The nethod=flor detecti ng—the presence of nmnusic .
assunes that nusic is not preée t at the s?rt of the call. 25 This allows
the encoding rate sel ection appjratus of the|present invention to
properly estimate and i ni &I rgy, BG\[err]. Because
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musi c unli ke background noi se has a periodic chara QEM
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IEaeld of the Invention

The present invention relates to vocoders. More particularly, the
present invention relates to a novel and improved method for determining
spe@ch encoding rate in a variable rate vocoder.

II. Description of the Related Art

Variable rate speech compression systems typically use some form of
rate determination algorithm before encoding begins. The rate
determination algorithm assigns a higher bit rate encoding scheme to
segments of the audio signal in which speech is present and a lower rate
encoding scheme for silent segments. In this way a lower average bit rate
will be achieved while the voice quahty of the reconstructed speech will
remain high. Thus jo operate efficiently a variable rate speech coder
requires a robust rate determination algorithm that can distinguish speech
from silence in a variety of background noise environments.

One such variable rate speech compression system or variable rate
vocoder is disclosed in copending U.S. Patent -Application—Serial- No.
5.414,796 filed June 11, 1991, entitled "Variable Rate Vocoder” and assigned
to the assignee of the present invention, the disclosure of which is
incorporated by reference. In this particular implementation of a variable
rate vocoder, input speech is encoded using Code Excited Linear Predictive
Coding (CELP) techniques at one of several rates as determined by the level
of speech activity. The level of speech activity is determined from the
energy in the input audio samples which may contain background noise in
addition to voiced speech. In order for the vocoder to provide high quality
voice encoding over varying levels of background noise, an adaptively

‘adjusting threshold technique is required to compensate for the affect of

background noise on the rate decision algorithm. - f

Vocoders are typically used in communication devices such as
cellular telephones or personal communication devices to provide digital
signal compression of an analog audio signglgthat is converted to digital
form for transmission. In a mobile environment in which a cellular
telephone or personal communication deviéﬂ:_e\ may be used, high levels of
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predeterm ned threshold, then nusic is detected and the
BGN is reset to BGN[err] It should be noted that to bg 4
T nust be set |ow enough that the encoding rateRefid
rate. Therefore the value of T should pe set as a flu s
acoustic signal and BGN[err]. The preV| oyis descrl ptlon of

art to make @r u t esgnt I on. evalofjs fA “ to

t hese enbodi %@ﬁ‘tai = §§é‘ f‘h%ﬁlg:géé\‘m 1y (1)994 enti quqe@dyﬁeledw/&art

“and the generAda veuﬁllpéﬁﬁ tednd adsipeied fb Mk atignee of e ipREsdr?

enbodi nent s %é$m %he use of the :g?\’/entlve fgasg%n ty. P? hus, ltﬁkgﬁ%?résent
i nvention is ﬁldgﬂ rffS #‘?ﬁ%d to the 15 enbodi ments shown herein

but is tode accorbhel impulse thas:plonsesapé thensiibbandt filters avet demdtedphj (1] BbeSs
and novel Teaher fRswPasCHAREIaAE L), for tHQE}u%la% filter. The energy of the
resulting subband components of the signal can be computed to give the
values RL(0) and RH(0), simply by summing the squares of the subband
filter output samples, as is well known in the art. -
10 In a preferred embodiment, when input signal S(n) is provided to

subband energy computation element 4, the energy value of the low
frequency component of the input frame, RL(0), is computed as:

L-1
~ RL(O) R5(0)-Rhy (0)+2- Y Rg(i)-Rpy (i), Q)
i=1
15
where L is the number taps in the lowpass filter thh impulse response
hr(n),

where Rg(i) is the autocotrelation function of the input signal, S(n), given
by the equation: '

20
. N
Rs(i)= Y S(n)-S(n-i), for ie[0,L-1] ()
n=1 |
. where N is the number of samples in the frame,
o and where RhL is the autocorrelation function of the lowpass filter hy (n)
25 givenby:
L-1
Rhy ()= Y he(n)-hp(n-i). for ie[0,L-1} 3)
n=0
=0 else

30 The high frequency energy, RH(0), is computed in a similar fashion in
subband energy computation element 6.

The values of the autocorrelation function of the subband filters can

be computed ahead of time to reduce the computational load. In addition,

some of the computed values of Rg(i) are used in other computations in the



CLAIMS. 1. An apparatus for deternining an encoding rate for an input

signal in av vocoder characteri.zed by: aplurality
subband energj!‘ m“ﬂ" ” ﬂﬂtents for receiving saifde A
determning a and energy val ue SHQ T N a AT

pr edet er m ned subband energy conputation1i0¥nat;

subband rate decision el enents wherein each of said
rate decision el enments receives a correspondi ng one o
subband ef®&AdMSval ues and deternines a subband encodi
with said correspondlng one of said plurality of subb
provi de a pIur %pOf subband encodi ng .rates; and an e codlng rate

sel ectiontel e Bratése 9Fn&e§§FHuBPEBaPPt?HSPdéﬁﬂbaﬁ&ee O&di
and for seligakilngnsai Gagieddiengatal &dcadesticharapitlersizgdlbyt:n accor dance

with said plurali f. subba odi ng rates e _apparat us_of

3 a1 wher car BRuALELY R SUEBGED SRR comurahian) Bt Sor
determ nereézéh_vohgsas@ilcpl um@lutt ysmgnaﬂubtmml detcegynivdingesai rplaccordancef
with the ggugbh@Nenergy value sin accordance with a predetermined subband

sai d pIuraHt
grate In accordapce

energy computation format;

a plurality of subband rate decision elements wherein each

of said plurality of subband rate decision elements receives a

corresponding one of said plurality of subband energy values and

determines a subband encoding rate in accordance with said

corresponding one of said plurality of subband energy values to
provide a plurality of subband encoding rates; and

an encoding rate _selection element for receiving said

plurality of subband encoding rates and for selecting said

encoding rate for said input signal in accordance with said

plurality of subband encoding rates.

2. The apparatus of Claims 1 wherein said plurality of subband
energy computation elements determine each of said plurality of

subband energy values in accordance with the equation:

L-1
subband energy =Rg(0)- Rpp,p(0) +2- ZRs(i)-thp (),
i=1 -

(

where L is the number taps in a bandpass filter h,,(n), where

(

Rg(i) is the autocorrelation function of the input signal, S,
for ie, and where R, is the autocorrelation function of the
bandpass filter hy,(n).

3. The apparatus of Claim 1 further comprising a plurality of

threshold adaptation elements, each of said plurality of

threshold adaptation elements disposed between one of said

subband energy computation elements and one of said encoding rate

gelection elements, wherein each of said plurality of threshold

-adaptation elements is for receiving said subband energy values
and for determining a set of encoding rate threshold values in




L-1 . subband ener gy R[err]('O) Rlerr](0) + 2 [err] whps
nunber taps InHmmgmrm M" uﬁ h[err](n), |Wn§EF R[f”](') | BERUACEMENT SHEET
autocorrel atio i nput signa err

where R err] e autrocorrel ation function of the %gﬂﬁ ' \ ; r
h[err](n) 3. The apparatus of Claim.l further conprisin

t hreshol d adaptation el enents, each of sd€ld plurality of thyekhald
adaptation elenents disposed between one of said subband ergy

conput at | Qﬁcéfaaﬁaésw@ﬂﬁ eagd%lﬁea@leg}ce@' 8dh bah8 88keel! PITHERTERtS:
wherei n each of said pluraTty o hreShold a aptatlon enents |s for

recei ving said subband energy values and for determning a set of encoding
rate threshol dThal appatratus of Claim 3 wherein each of said plurality of

threshold adaptation elements determines a signal to noise ratio

value in accordance with said plurality of subband energy values.

5. The apparatus of Claim 4 wherein each of said plurality of
threshold _adaptation elements determines a scaling factor in
accordance with a signal to noise ratio index, wherein said

signal to noise ratio index is determined in accordance to said

signal to noise ratio value.

6. The apparatus of Claim 5 wherein each of said plurality of

threshold adaptation elements determines at least one threshold

value by multiplying a background noise estimate by said scaling
factor.

7. The apparatus of Claim 1 wherein each of said subband rate
decision elements compares said corresponding subband energy

value with at least one threshold value to determine said subband
encoding rate.

8. The apparatus of Claim 6 wherein each of said subband rate
decision elements compares gaid corresponding subband energy
N~ value with at least one threshold value to determine said subband

(

encoding rate.

9. An apparatus for determining an encoding rate for _an input
signal in a variable rate vocoder characterized by:

2 plurality of signal to noise ratio elements for receiving
said input signal and for generating an estimate of the

information signal energy in said input signal and for generating

an estimate of the background noise energy in said input signal

and for providing a signal to noise ratio value in accordance
with said estimate of the information signal energy and said
estimate of the background noise energy; and

a rate selection element for receiving said signal to noise

umsmi‘r BT HAS 'B'E‘Eﬁ:g‘%
REPLACED- ']
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- = - accordance mnth sai d pIurallty of subband energy—vatoes:
The apparatus e|n each of said pIur -0 1EESNQ! 49
adaptation e mﬁ‘ s a signal to noise rat E(Pld - AT ng_g
wi'th said pI yLof“stband ener gy val ues. 5. The @p SELTREA N

4 wherein each of said plurality of tbreghlLold adaptationjel errents
determnes a scaling factor in accordance with a signal te—re+se-ratto
i ndex, wherein said signal to noise ratio index is determ ned in accordance

to said siggnial viedueoand detémyﬁin@ salcﬁ elndco-ag.elgaﬁaﬁéaiﬂlsa@éontgi@ié&t: Siith

wherein . Sal allty t hr 0 adaptation el enents determ nes
at Ieastq%ﬁgi%%ﬁggh (# e (ﬁﬁﬁ {ﬁ%ﬁhg a background noi se estinmate by
said scaling factor. : The apparatus of Caim1l wherein each of said
subband ra e @splaiﬂp@}a@m&s ARG P 4h QUISRERRP AL $BPAY SAKLIY

signal in a variable rate vocoder characterized bv:

a signal to noise ratio calculator that receives said input

signal and generates an estimate of the information signal energy

in said input signal and generates an estimate of the background .

noise energy in said input signal and for providing a signal to

noise ratio in accordance with saj i i i

signal energy and said estimate of the background noise energy;

< a _rate selection element. that receives said signal to noise

ratio value and selects said encoding rate in accordance with

~ said signal to noise ratio wvalue.
11. A method for determining an encoding rate for an input
signal in a variable rate vocoder characterized Bv:
receiviné said input signal;
determining a plurality of subband energy wvalues in
accordance with a predetermined subband energy computation
format; _
determining a corresponding subband encoding rate for each
of said plurality of subband energy values to provide a plurality
of subband encoding rates;,and
N selecting said encoding rate for said input signal in
~— accordance with said plurality of subband encoding rates.

12. The apparatus of Claim 21 wherein determining the plurality
of subband energy values is performed in accordance with the

equatlon
L-1
subband energy =Rg(0) Rppp(0)+2- 2 Rs(i)- Rhpyp (i),
i=1

where L is the number taps in a bandpass filter hy, (n), where

Rs(i) is the autocorrelation function of the input signal, S(n),
for ie, and where R is the autocorrelation function of the
bandpass filter h,,(n).

BEEN '
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value with at |east one threshold value to determ ne saig
rate. 8. The apparatus of Claim6 wherein each %; o HEPLA
deci si on elenenn cor respondi ng subbﬁﬁ Lelte V
| east one thres mm)”m ﬂﬂgjﬂerm ne sai d subband encddiing Fy;
An apparatus fof detterm n n encodipg_rate for an
vari abl e rate vocoder characterized by: a pluralit
noise ratio elenents for receiving said input signal ( :
gener?tl rugs?am T lmmih:bd of cthem L0f phrBhéLNCHA BAGE e £12E @YY -
si gnal an ler at es e .0 I of: round Nol se energ
sa?d i nput>% Qﬂﬁfééwr%k \AQﬁqéP%}%Ho es (gl RFF %R??)W&ﬁ%é%iﬁi
accordancm'l.uma',]t:'kt}saoﬁj sstbared cdnetdne valfwssmati on si gnal energy and said
estimate of the background noise energy; and a rate selection
el ement for receiving said signal to noise
The method of Claim 13 wherein determining a set of encoding
rate threshold values determines a signal to noise ratio value

and a signal to noise ratio index in accordance with said

plurality of subband energy values.

15. The method of Claim 14 wherein determining a set of encoding
rate threshold values determines a scaling factor in accordance
with said signal to noise ratio index,

16. The method of Claim 15 wherein determining a set of encoding
rate threshold values determines said rate threshold value by
multiplying a background noise estimate by said scaling factor.

17. The method of Claim 11 wherein determining said
corresponding subband encoding rate includes comparing said,

corresponding subband energy value with at least one threshold
value to determine said corresponding subband encoding rate.

18. The method of Claim 16 wherein determining said
corresponding subband encoding rate includes comparing said

~— corresponding subband energy value with said at least one

— threshold value to determine said corresponding subband encoding

rate.

19. A method for determining an encoding rate for an input
signal in_a variable rate vocoder characterized by:
receiving an input signal;

generating an estimate of the information signal energy in

Said input signal;

generating an estimate of the background noise energy in

said input signal;
calculating a signal to noise ratio in accordance with said
estimate of the information signal energy and said estimate of

THIS SHEET HAS ™' 'y
REPLACE!




- 13 - .
sai d signha

encodi ng rat
by: a si
and generates an ‘esti nfit eSof* the infor
si gnal
i nput si gnal

to noise ratio val ue.

and for providing a signal

AR o5 0

and generates an estimate of theq%%ckground ngi
to noise rati®

rati o value and determining said encoding rate in accordance with

.hiégnaL

nput
hi d
wth
.he

sai d esti gRéebaEkgheuhaf AENBEI BResbgNabn@ner gy andsaid esti mate of
rai e setection el enent that

SBFEEi8Is F3FendBdi FECPEIRNFR Hdddr dandd

background nor ge_enert

signal to noi séeFﬁbeg¥59u§%£
Wi t h sai dssgpaal tbonobssersaligevaluél. A nethod for
rate for an input signal in a variable rate vocoder
recei ving said input signal;
20. The apparatus

selection element selects the highest rate

of Claim 1 wherein

21.

22.

rate vocoder, comprising the steps of:

receiving a frame of an input signal;

said frame;

estimate; and

threshold wvalue.

recei ves said

determ ni ng an encodi ng
characterized by:

said encoding rate
of said plurality of

subband encoding rates as said encoding rate.

The method of Claim 11 wherein said step of selecting said
encoding rate selects the highest rate of said plurality of
subband encoding rates as said encoding rate.

A method for determining the presence of music in a variable

generating linear predictive coding (LPC) coefficients for

generating a background noise estimate for said frame;

generating an average normalized autocorrelation value for
the consecutive frames in which said background noise estimate
has been increasing from a predetermined initial background noise

determining the presence of music in accordance with said
average normalized autocorrelation value and a predetermined

THIS SHEET HAS BEEN
REPLACED




deternmining a plurality of subband energy values in accorda AggMEN? SHEET

predet erm ned su utation format REpLACEMENTES ;
‘correspondi ng sumnmnmﬂmﬂmﬁﬂ)“ﬂte for each of said pluralijt of subband
energy values to pro%ide & plsurdlity of subband encoding ﬁateﬂ4 $Ng 19991

selecting said encoding rate for said input signal in acqofdance with sai
plurality of subband encoding rates. ;, 12. The apparatus |of Carm 11

wherein determining the plurality of subband energy val uas_is _perfarned

subband energy =[err] where L
the nuaberrtapsei rianbgadeass Jfdaliter, RerdyduynahatergRei1lds) is the
autocorrel ation function of the input signal, S(n), for i[err],

R[err]n

accordance with the equation:

The apparatus cof Claim 3 wherein each of said plurality of

tnreshold adaptation elemer

)
cr
0
(L
{0
1
1]
14
3
*.I
-y
[
0
W
0
}J
)
o}
fu
l.—l

Lo noise ratio

value in accordance with said plurality of subcand energy values.

w

The apparatus of Claim ¢ wherein each of said plurali

tn
[4%]

threshold adaptation elements determines a scaling

ctoxr

accordance with a signal to noise ratio index, wherein said

signal to noise ratio index is determined in accordance to said

signal to noise ratio value.

6. The apparatus of Claim S wherein each of said plurality of

threshold adaptation elements determines at least one threshold

value by multiplying a background noise estimate by said scaling
factor.

7. The apparatus of Claim 1 wherein each of said subband rate
decision elements compares said corresponding subband energy

value with at least
encoding rate.

one threshold value to determine said gsubband

8. The apparatus of Claim 6 wherein each of said subband rate
decision elements

said input signal and for generating

compares said corresponding subband energy

value with at least

encoding rate.

< = < - <

signal in a wvariable rate vocoder characterized by:
e

a plurality of signal to noise ratio

or receiving

of the
information signal energy in said inp

one threshold value to determine said subband

an estimate of the background

and for providing a signaf/gb noise ratio value in accordance

with said estima;%/Sf/the information sgignal energy and said

egstimate. of bﬁﬁ/;agkg;@und~n@ése~ene;gy+~aad

a/r‘éa gselection.element for receiii ng said cz'ign:ﬂ to_noise

Cléo??—_?gﬁ\’ :
AT AL

and where
is the autocorrel ation function of the bandpass filter h[err](n)

-




-14- 13. The method of Caim1l futher characterized by detergp
of encoding race threshold val ues i'n accordance w t&lgt A@@ﬁﬁ?ﬁ%}-{ﬁﬂ
| mrel n Jdet

subband ene vaI ues 14. The method of d aiftk erm nig
set of enco | d val ues determnes a signal do nogs‘e Aggt;gggﬂ
val ue and a ﬂ rati o index in accordance wt plurality

of subband enerqgy val"ues 15 The mathod of C aim 14 wherfe n determ nrng
a set of encoding rate threshol d values determ nes a scali

accordance with said SI gnal to noi se ratio index. 16 The net hod of CI aim
15 wher®i nc.detnrama Lod cSE ‘ i

said signal toc noise ratic value.

i0 Al apraratus for determinin ¥
- - . ’
S.gra. in a variable rate
as al

receives said in 1put

signal and generates an esti maticn signal energy

in said input signal and gen e#a‘es an e

timate of the backgrcund

s
noise energy in said input’ s;gnal and for providing a signal to

noise ratig in accoréance with said estimace of the information

signal energy and said estimate of the background noise energy;

a rate selection element that receives said signal to noise
ratio value and selects said encoding rate
said-signal-to-neise

in accordance with

a3 A apa ] g
P ) W by A LTGASTY

11. A method for determining an encoding rate for

an __input

signal in a variable rate vocoder characterized by:
receiving said input signal; _
determining a plurality of subband energy values in

accordance with a predetermined subband energy computation
format;

determining a corresponding subband encoding rate for each

of said plurality of subband energy values to provide a plurality
of subband encoding rates; and

o selecting said encoding rate for said input signal
accordance with said plurality of subband encoding rates.

in

12.

The apparatus of Claim 1l wherein determining the plurality
of

subband energy values is performed in accordance with the
equation:

L-1
subband energy =Rg(0): Rhpp(0) +2+ 2, Rs(1)- Rhpp ().
i=1

where L is the number taps in a bandpass filter h,(n), where

Rs(1) is the autocorrelation function of the input signal, S(n)
for ie, and where R, is the autocorrelation function of the

bandpass filter hy,(n)




rate threshold val ues determnes said rate threshol cl—ual-mﬁmm_pl,i ng a
background noi se estimte by said scaling fact 0% pLA(.B,!RENE “NTeSHEgd | of
‘Claim 11 wherein determning said corresponding{s Ay fate
i ncl udes co espondi ng subband energy yal ue efst
one threshomanmn)mmm ne said correspondi ng{s bn’hﬁaﬁ%ﬁ@@ ng fate.
18. The nmefhotl 'of ® Csaim 16 whenqin determ nifg | pngli ng
subband encodi ng rate includes conparing said cor fespondi ng subband
energy value with said at |east one threshold val te—to—determre—sal d
corrgs;pbndiﬁgesn&ﬂmd&dcef’nmtﬂﬁg 1 I‘=&t*:s‘;“w cri%aAraethed borcedgt:alfmﬂgng an
encodi rate in | a variable rate vacoder
char ac’?gsrl zggtd~ biy rcecing %EEI% R8ld! lﬁf‘ %Fa Aj1, aceoi=d “genérat'i
esti meeodlihe o0f sunbehdneskeggal vedergy in said input signal;
generating an estimte of the background noise energy in sai d input
si gnal ; calculating a signal to noise ratio in accordance with sai '
esti mat®: of TERSTE RRQE T GG IS0 gRalhenel gydandrsandngst sl @ oencoding

rate threshold values determines a signal o noise ratio

value
and a si lgnal to noise ratio index in accordance with said

plurality of subband energy values.

15. The method of Claim 14 wherein determining a set of encoding
rate threshold values determines a scaling _factor in acccrdance
with said signal to noise ratio index.

16. The method of Claim 15 wherein determining a set of encoding
rate threshold wvalues determines said rate threshold value by

multiplying a background noise estimate by said scaling factor.

17. The method of Claim 11 wherein determining said
corresponding subband encoding rate includes comparing said
corresponding subband energy value with at least one threshold

value to determine said corresponding subband.encoding rate.

18. The method of Claim 16 wherein determining said
corresponding subband encoding rate includes comparing said
corresponding subband energy value with said at least one

threshold value to determine said corresponding subband encoding
rate.

¥9. A -method—for— determining -an-encoding- rate—for-an. -input

signal in\g\yar*able rate vocoder characterized by:

receiving an-input signal;
generating an esti e of the information signal energy in
said input signal; \\\\\\\

generating an estimate of the bad¢kground noise energy in
said input signal;.

calculating a signal to noise ratio in accordance with said

estimate -of-the—information—signal energy and-said estimate of-




- 15 - t he background noi se energy; and determ ni ng said encodi ng

rate in acco e wth said signal to noise rati _The
“appar at us "ﬂ said encoding raf gﬁfﬂmn fehent
sel ects the Hﬂ sal d pluraliy of su na encot+rg—Aat s as
said encoding rate. The nethod of Caim M‘IGI’-EI,I’] sai d sfep of
sel ecting said encodlng rate sel ect; the hlghest \

% at epof AW dqu@jurfal ity
of subband encoding rates as said encoding rate.} ¢ 0y A (iqqgl

F—u
—

— % 1~ P - = —~ = 3
=£2..08CKSTOUNC noLse 2nergyy -and

deternining said sncoding—xate 13 abcoraa with said

- - T .\-—~———
Signa: Lo -nolse ratic valwee- - e e
20 The apparatus of Claim 1 whersin said encoding rate
selacticn element selacts the highest rate of said plurality of

subband encoding rates as said sncoding rate.
.21. The method of Claim 11 wherei
t y . .
‘encocding rate selects the highe

. subband encoding rates as said encoding rate.

~ 22\\ A method-for-determining-the -presenceof-musice—imavariabte

rate Vbcgder, comprising the steps of:

recei?ing a frame of an input signal;

generating\xinear predictive coding (LPC) coefficients for
said frame; \\\‘\\

generating a bacngSﬁndmnoise estimate for said frame;

generating an average'nofmal;zed autocorrelation value for
the consecutive frames in which saidnbackground noise estimate
has been increasing from a predetermined 1n1t1a1 background noise
estimate; and .

determining the presence of music in accordéﬁcemwith said

average normalized autocorrelation wvalue and a predéte:mined
i threshold value. —
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vocoder, conprising the steps of: receiving a frame ofgH¥ g} nput
gi gnal ; gepg i Ng | i newérUP MERLISEFULE PROPERTA BréANA0G 0ef f i Ci SRS or sai d
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(57) Abstract

The present invention provides a method by which to reduce the probality of coding low energy unvoiced speech as background
noise. An encoding rate is determined by dividing the input signal into subbands using digital subband filters (4) and (6) and comparing
the energy in those bands to a set of thresholds in subband rate decision elements (12) and (14) and then examining those comparisons
in an encoding rate selector (16). By this method, unvoiced speech can be distinguished from background noise. The present invention,
also, provides a means for setting the threshold levels using the signal to noise ratio of the input signal, and the present invention provides
) ;a r::tholclln?r cgding music through a variable rate vocoder by examining the periodicity of the input signal to distinguish the music from

ground noise.




