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FI ELD The present invention relates to a noi sy speech
par anet er enhancenent nethod and appar at us that may be used
I n, for exanpl e noi se suppression equi pnent in tel ephony systens. 5

BACKGROUNDAQROTS ¥ SFRECH IFARAMETER ENHANCEMENTWMEFHQDoAND APPARATDUS
problemis the enhancenent of a signal fromits noisy
measurenent. This can for exanple be enhancenent of the speech quality in

singl e m cr ophone te@gggﬂfmmﬁgﬂﬁ, bot h conventional and
cellular, where the speech is degrade S by col ored noi se, for
exanpl e car noise in cellular systens. | O An often used noise

-suppressign nethod is.bas on Kal.man filterin since this hod can

nandl o ol B BEL MY RARE e & o TS hertbAERF SO chrehod s npoeeyus
r ef er encahftomay be used in, for exdfBplEM0iskishppressiors eglipabRcin SeBRAYSYsemsS [ 1] -
However, Kalman filtering is a nodel based adaptive net hod,
where speech as well as noise are nodel ed as, for exanple, autoregressive

(AR) processes. Thus, a ke)ﬁAéﬁGﬁdK{Nﬁ%ﬁB{H INSAENTON S that the filtering
a se un

algorithmrelies on 15 of nown paraneters that have to be
estimated. The two nost inportant problens regardi ng the

estimatiop of the i.nvQlved paraneters are that (i) the speech AR paraneters
are A common %%‘an&rl"g‘ifgﬂgom gﬁ?a‘aeﬁesﬂg’éﬁ#'%ﬂf aé% ﬁrﬁg’lail!&Wh&s K h
data are feisufeniink.O"My cad M8, edahple be enhancementObflQhe tspeit gbAliy HelkipR

filter output with high audible quality, the accuracy and precision
of the esmicnephove telephony systems, bath gerventiong) and geldwlar, where the speech is degraded

by colored noise, for example car noise in cellular systems.

10 An often used noise suppression method is based on Kalman filtering, since this method can
handle colored noise and has a reasonable numerical complexity. The key reference for
Kalman filter based noise suppressors is [1]. However, Kalman filtering is a model based
adaptive method, where speech as well as noise are modeled as, for example, autoregressive
(AR) processes. Thus, a key issue in Kalman filtering is that the filtering algorithm relies on

15 a set of unknown parameters that have to be estimated. The two most important problems
regarding the estimation of the involved parameters are that (i) the speech AR parameters are
estimated from degraded speech data, and (ii) the speech data are not stationary. Thus, in
order to obtain a Kalman filter output with high audible quality, the accuracy and precision
of the estimated parameters is of great importance.

20 SUMMARY OF THE INVENTION

An object of the present invention is to provide an improved method and apparatus for
estimating parameters of noisy speech. These enhanced speech parameters may be used for
Kalman filtering noisy speech in order to suppress the noise. However, the enhanced speech

parameters may aiso be used directly as speech parameters in speech encoding.



20 SUVMARY OF THE | NVENTI ON

An object of the present invention is to provide an inproved nethod and
appar at uWOAr/28527 estimating paraneters of noi sy FHSTEEI7/0012@se
enhanced speech paranmeters nay be used for Kal man filtering
noi sy speech in order to suppress the noise. However, the enhanced speech
paranmeters may al so be used directly asZ2speech paraneters in speech
gg%—?g:;& b)) 3boye object is solvedV\bg 2 %gtggg 7in accordance with claim 1 and an apparatus ip

The abovgcpRiafiéd with ctahvef by a nethod in accordance with claim1 and an

apparatus in accordance with claim 11.

BRI EF DESCRI PTI ON OF THE DRAW NGS The invention, together with
further objects and advgp,ades stood 5 by
maki ng reference to t he 9 &ﬁgﬁm@ﬁm%her with the
acconpanyi ng drawi ngs, in which: Figure 1 is a block

diagramin an apparatus in accqordapce with the present _invention;

Fi gure 2The inyepfion, segethar with frher gblests apd advantages thereat iy beshby undesstopd
the apPaFAlkigifY reference to the following description taken together with the accompanying

drawings, in which: -
Figure 1 is a block diagram in an apparatus in accordance with the present invention;

Figure 2 is a state diagram of a voice activity detector (VAD) used in the apparatus of
figure 1; .

10 Figure 3  is a flow chart illustrating the method in accordance with the present invention;

Figure 4 illustrates the essential features of the power spectral density (PSD) of noisy
speech;

Figure 5  illustrates a similar PSD for background noise;

Figure 6 illustrates the resulting PSD after subtraction of the PSD in figure 5 from the
15 PSD in figure 4;

Figure 7 illustrates the improvement obtained by the present invention in the form of a loss

function; and -

Figure 8 illustrates the improvement obtained by the present invention in the form of a loss
ratio.



figurg 1; 10 Figure 3 is aflowchart illustrating the nmethod in
accordanc ' e present invention; Figure 4 ' es

t he essenﬁd\a%"}'#g%?ures of the power spectral density (PSD)) g%:‘r}ggly??ﬁﬁ
speech; Figure 5 illustrates a simlar PSD for background

noi se; Figure 6 illustratessthe resulting PSD after
subtraction of the PSD in figure 5 fromthe 15 PSD in
figure 4; DETAILED QESCRIPTION OF THEPREFERRED EBMBODIMENTSned by
the present invention in the formof a |oss function;
and Figure 8 illustrates the inprovenent obtained by the

.\F;\;)eg (73?'[2813%\7/%@&&0&& prB&slifE Thelinfht! Peeth is often corrupted by backgroufli 'fdise. For

PCT/ SE97/éXaiple, in hands-free mobile telephony the speech to background noise ratio may be a8 low
DETAILED al:szl,E %%Réviy g’e}ovg,: 0T|3|1:3. g uclilEﬁng%DngjxgeB qulrel\/sEl\srg\?erely degrade the quality of the
5 conversation, not only due to the high noise level itself, but also due to the audible artifacts
that are generated when noisy speech is encoded and carried through a digital communication
channel. In order to reduce such audible artifacts the noisy input speech may be pre-processed

by some noise reduction method, for example by Kalman filtering [1].

In some noise reduction methods (for example in Kalman filtering) autoregressive (AR)
10 parameters are of interest. Thus, accurate AR parameter estimates from noisy speech data are
essential for these methods in order to produce an enhanced speech cutput with high audible
quality. Such a noisy speech parameter enhancement method will now be described with

reference to figures 1-6.

In figure 1 a continuous analog signal x(t) is obtained from a microphone 10. Signal x(t) is

15 forwarded to an A/D converter 12. This A/D converter (and appropriate data buffering)
produces frames {x(k)} of audio data (containing either speech, background noise or both).
An audio frame typically may contain between 100-300 audio samples at 8000 Hz sampling
rate. In order to simplify the following discussion, a frame length N=256 samples is
assumed. The audio frames {x(k)} are forwarded to a voice activity detector (VAD) 14,

20 which controis a switch 16 for directing audio frames {x(k)} to different blocks in the
apparatus depending on the state of VAD 14.

VAD 14 may be designed in accordance with principles that are discussed in [2], and is
usually implemented as a state machine. Figure 2 illustrates the possible states of such a state
machine. In state 0 VAD 14 is idle or "inactive”, which implies that audio frames {x(k)} are
25 not further processed. State 20 implies a noise level and no speech. State 21 implies a noise
level and a low speech/noise ratio. This state is primarily active during transitions between

speech activity and noise. Finally, state 22 implies a noise level and high speech/noise ratio.



I n speech signal processing the input speech is often corrupted by
background noi se. For exanmpl e, in hands-free nobile tel ephony the
speech t o weohgsszand noi se ratio nay be as | ow as, POT/SEYINIRE! OW,
0 dB. Such high noise levels severely degrade the quality of the 5
conversation, not only due to the high noise level itself, but also due to

the audible artifacts _ t hat are4generated when noi sy speech is
encoded and cgrried thr h a digital .conmunication. - . channel. In
order to Qé'd’d‘glé’ t‘a’@ﬁ %‘Q&g%%‘ag}stq Rlescthabmay beexpressedaasch nay be '
pre- processed by some noi se reduction nmethod, for exanple by

Kal man filtering [1]. I n some noi se reduction nethods (for
exanple in Kalman filtering) xdk)oregtlesswik) (AR=10., N  paraneters @ne

of interest. Thus, accurate AR paraneter. estinates from noisy speech data
are essential for these nethods in order to produce an enhanced
speech oulBefe 6\57‘3 eRpiG NOiRY; speech samples, s(ky, donotes, spesh (samplesi and vk dlehotes
par anet er cSlBRARIMVY baBRERuRd idide. NSy Spedeh SigniP $(4it Rssumed statio ;,ﬁ{,g,eﬁnce
to figures 1-6. In figure ™ a contlnuous anaﬁ 0g &gné‘?-x S
obt ai ned frem& Furthenmgseospeealn sigaalgi(k) may tby descrited by an autbregressisie (ARY ncdel D
cogverter f‘grdeﬂ]i s A/D converter (and appropriate data buffering)

pr oduces Pt aes {x(k)} of audio data (containing either speech, background
noi se or both). . An audio frame typically may contain between

100- 300 audi o sanples at 8000 Hz sanpling rate. In order to
sinplify the follow ng discussign,_a<<tang, /ength 56 sanples is

assuned. The audi o franes {x(ﬁ)‘%pa?e g;ﬁv‘éf)ﬁe‘g?fﬁ'sgféoi_ce activity det @t or
(VAD) 14, 20 - which controls a switch 16 for directing audi o franes
{x(k)} to different blocks in the = ~appar at us dependi ng.on the

state of W%B . .V, rray be signed i.n accardance with
princi pl es e;tﬁe 5?%%&9&%@%& ﬁﬁe’ﬁé‘[ 9 'a%fgu*agﬁ"v '}may be.‘%éﬂﬁ?“ﬂ@%%ﬁ%bd
as a statof 6miehigne. Figure 2 illustrates the possible states of such a
state - machine. In state O VAD 14 is idle or "inactive", which
inplies that audio franes {x(k)} are 25 not further processed. State
20 inplies a noise |evel and no speecl.- State 21 inplies a noise
| evel and a | ow speech/ noi se k) 0= B,6tRLE) kv Pk} Marily active dur{mg
transitions between. . speech @ctivity and noise.. Finally, state 22
‘inplies a noise level and high speech/noise ratio.
where the variance of w,(k) is given by o,’. Both r and q are much smaller than the frame
~ length N. Normally, the value of r preferably. is around 10, while q preferably has a value
10 in the interval 0-7, for examplé 4 (@q=0 corresponds to-a constant power spectral density,

i.e. white noise). Further information on AR modelling of speech may, be_found in [3].

Furthermore, the power spectral density @, (@) of noisy speech may be divided into a sum
of the power spectral density ®_(w) of speech and the power spectral density ®,(w) of
background noise, that is - ' ' '

15

9 (w) =P (w) +P () (4)

from (2) it follows that
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An audio frame {x(k)} contains audi o sanples that nay be expressed as -
x(k) = s(k) + v(k) k= ,...,N (1) wher e
X(k) denotes noi sy speech sanples, s(k) Henotes speech sanples and v(k)
denot es col ored additive background noi se. Noi sy speech signal
X(k) is assuned stationary over a o2frame. Furthernore, speech
signal s(k) rmay be descri bed b?séh’)autm—eg-;-essrve—(-AR) nodel 5 Zf
order r [1+Zce'“’"}3(k) = - [err] c[err]5
(k-1) + wWerr] (k) (2) a1 where the variance of
vv[err](k)s,hﬁlagy\f%int@y) {;%n&ws fafi larly, v(k) may be described by an AR
rmde order q v(k)
-[err]bv(k-i) +w[err](k) (3)
Wnere the variance of werr](k) is given by [grr]. Both r and q are nmuch
smal l er than the frame ® (ml)ength N. Rernally, the value of r
preferably is around 10, while { preferablg has 2 val ue 10 in te)
interval 0-7, for exanple 4 (qg=0 correle) b 8" Bonst ant power spectral
density, i.e. white noise). Furffher information on AR nodelling
of speech may be found in [3].

From (2)-(3) it follows that x(k) equals an autoregressive moving average (ARMA) model

with power spectral density ®,(w). An estimate of @, (w) (here and in the sequel
estimated quantities are denoted by a hat "*") can be achieved by an autoregressive (AR)
5 model, that is

8%
d, (w) = = . 7
Il +E 5,"9'“‘”"12
m=}
where {4;} and 8, are the estimated parameters of the AR model
p .
x{k) = =Y a;x(k-1) +w, (k) (8)

i=1

where the variance of w,(k) is given by 0,7, and where r<p<N. It should be noted that
& _(w) in(?) is not a statistically consistent estimate of @, () . In speech signal processing

10 this is, however, not a serious problem, since x(k) in practice is far from a stationary process.

In figure 1, when VAD 14 indicates speech (states 21 and 22 in figure 2) signal x(k) is
forwarded to a noisy speech AR estimator 18, that estimates parameters 0,7, {a;} in equation
(8). This estimation may be performed in accordance with [3] (in the flow chart of figure 3
this corresponds to step 120). The estimated parameters are forwarded to block 20, which
15 calculates an estimate of the power spectral density of input signal x(k) in accordance with

equation (7) (step 130 in fig. 3).



Furthernore, the power spectral density [err] ([err]) of noisy speech may
be divided into a sum of the power spectral density [err]:

([err]) oWwWQa9¥BS2? and t he power spectral density [err] ([ePECFSEST00124
background noise, that is 15

[err]([err]) = [err]([err]) +[err]([err]%/\D 07/ 28527 (4.)

from(2) it follows that
PCT/ SE97/.00124 e . . : . 5 Jerr
Simlarl }t s Wfsgyucltfe?tm Bgvghctmpm mvenn?lérttpajt'_background noise may be L‘catctl as.

long-time stationary, that is stationary over several frames. Since speech activity is usually
sufficiently low to permit estimation of the noise model in periods where s(k)' is absent, the
long-time stationarity feature may be used for powerﬂ spcctfél densitj subtrcction of noise
5 during noisy speech frames by buffering noise model parameters during noise frames for later
use during noisy speech frames. Thus when VAD 14indicates background noise (state 20
in figure 2), the frame is forwarded to a noise AR parameter estimator 22, which estimates
parameters o,,2 and {bi}_ of the frame (this corresponds to step 140 in the flow chart in figure
'3). As mentioned above the estimated parameters are stored in a buffer 24 for later use during
10 ‘a noisy speech frame (step ._150_i1_1"ﬁ-g.-' 3). When these parametcrs.ére needed (during a noisy
speech frame) they are.fetrieved from buffer 24. The parameters are. also for_ward_e_d toa
block 26 for power spectral density cstimation of the background noise', eit_her during the
.noise frame (step 160 in fig. 3), which means that the estimate has to be buffered t:or'later
use, or during the next speech frame, which means that only the parameters have to be
15 " buffered. Thus, during frames cc_ntéining only backg'foﬁh'd noise the estimated parameters are
not actually used for enhanceﬁ:cnts 'purpcses. Instead the noise signal is forwarded to

attenuator 28 which attenuates the noise level by, for example, 10 dB (step 170 in fig. 3).

The power spectral density (PSD) estimate &_(w) , as defined by equation (7), and the PSD
estimate & (w), as defied by an equation similar to (6) but with "*" signs over the AR
20 parameters and ¢, are functions of the ffecjuency w. The next step is to perform the actual
PSD subtraction, which is done in block 30 (stcp 180 in ﬂg 3). In accordance with the
| invention the power spectral densuy of the Speech slgnal is esnmated by

&.(0) = &, (0) -88,(w) (e

where § is a scalar design va_riab_lc,. _ty_pic'a_l.ly lyin_g in the interval 0< 6<4. In normal cases

6 has a value al_'ound l_-(5'= 1 corresponc_ls to equation _(4)).



From (2)-(3) it follows that x(k) equals an autoregressive noving average
((ARMA) nD wth power spectral density [err]([err 6400
estimate %f’é‘r”ri’([err]) (here and in the sequel ie%:'tr‘flsgrcate 24
guantities are denoted by a hat "~") can be achieved by an autoregressive
(AR) 5 nodel, that is [err] - where {[err]} and [err]
are the estimated paraneters of the AR nodel

by et ndt B caftoal febffe of ek stention that the cnhanced PSD &, () Msampted |

I't shoul ¢ RQufiRtede nhiMBér of frequencies LGh lofder[16 bbiajn amadclrate pichire of the enhanced

.statistically consistent estimate of [er[] gﬂ[err ). . I n_speech signal
processi MFDLON practicetthe PSPsis qalopltaied at #discretes it of FEeaBeRi®sem since x(k) in
practice is far froma stationary process. In figure 1, when VAD

14 indicates speech (states 21 and 22 in figure 2) signal x(k) is
forwarded to a noi sy speech AR es&im g, th estimates par ameter(?hg
[err] {[err]} in equation (8M. i S"€4ti mati on may be perfor ain
accordance with [3] (in the flow chart of figure 3 this
corresponds to step 120). The estimated _parameters are forwarded to bl ock
20, whi cisee 53], which gixps 8 disceate sequenee %Pgbcﬁmt‘ﬁ@spower spectral density of
i nput signal x(k) in accordance with equation (7) (step 130 in
fig. 3).

@, (1),0.(2),.,.8 (=& (m} m=1.M (11)

5 This feature is further illustrated by figures 4-6. Figure 4 illustrates a typical PSD estimate §, (o)
of noisy speech. Figure 5 illustrates a typical PSD estimate $,(w) of background noise. In
this case the signal-to-noise ratio between the signals in figures 4 and 5 is 0 dB.. Figure 6
illustrates the enhanced PSD estimate ®_(w) after noise subtraction in accordance with
equation (9), where in this case 6=1. Since the shape of PSD estimate &_(w) is important
10 for the estimation of enhanced speech parameters (will be described below}), it is an essential
feature of the present invention that the enhanced PSD estimate & _(w) is sampled at a

sufficient number of frequencies to give a true picture of the shape of the function (especially
of the peaks).

In practice &, (w) is sampled by using expressions (6) and (7). In, for example, expression
15 (7) &,(w) may be sampled by using the Fast Fourier Transform (FFT). Thus, 1, a, a,...,
a, are considered as a sequence, the FFT of which is to be calculated. Since the number of
samples M must be larger than p (p is approximately 10-20) it may be necessary to zero pad
the sequence. Suitable values for M are values that are a power of 2, for example, 64, 128,
256. However, usually the number of samples M may be chosen smaller than the frame

20 length (N=256 in this example). Furthermore, since &_(w) represents the spectral density

of power, which is a non-negative entity, the sampled values of ®_(w) have to be restricted
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It is an eapemisszd feature of the present invention that backusEybomai se
may be treated as | ong-tinme stationary, that is stationary over
several franmes. Since speech activity-is usually sufficiently | ow
to pernmt estimtion of the noise nodel Bn periods where s(k) I s absent,

t he | ong-tipe st narit ~feature may be used ower spectral
densi ty SamOR-REENHe vakien brifre Ahanted SREGFR B wémaeﬁélee ted fz0rm $he,spmpled

buffering nois ers during noise frames for Iater

use duri W@f@%gﬁgﬁﬂfm E Thus, when VAD 14 i ndi cates background

noi se (state 20 . in flgure 2), the frame is forwarded to a noise
AR paraneter estimtor 22, which estinmates paranmeters [err] and
{b[err]) Afted block Ban&s(ﬁdﬁfmo nthe PSON ssbttantion alge Edlectiont {, fho)of samples is
figure 3). nenti oned above the estjnmated par ameters are stored

in a buf f@r‘"m U hloék Q?SEOTdW‘F‘H%}“!&) e enhanged, spesgh gEarmetens; fipm thetR§P-150
ingfig. 156 iR% eiarﬁ? Oiﬁ%éj%ifﬂsg of' BIRkS Y20 and 26, Mhich
|eve fer e SO

spgech frarre are re paraneters are
f or war dedcdkmlaed PSD-esumatestﬁrmnkAR@drmeqamz\dmepuas met pdsltﬂc ty explidithyderive of

t he background noi se,

! 6
o, 3) . MRFCPRABSRS dies framole P dSimare, diegsive AlgeiBansy e, oy Beed A |
use, or dgb’dem algofithif thr SAas identifitRion\ITof meﬁeastph@(sosem iy [4) ehafieriiRE ET S

have to be buffered. Thus, during frames containing only

backgr ound n0| se the estimated paraneters are not actually used
for enhan %e ﬂ% ﬁ“p ' fLor\Qr 4 :

att enuat or: E% H‘t&?ﬁuak ctﬁﬁaqmgm se eve g Ee?s exaarrpl e&@nsahén&et ep
140 in fi gPPENDIX. The power spectr al den3| ty (PSD) estimate

[err] ([err]) , as defined by equatien (.7), and the PSD
estimate J[err] ([err]) , as defined by an equatlon simlar to (6) but W|th

A" signs d P
9 ‘I‘F%mamhpﬁ?am&grs may be BRURECifecly fcfr%k&&xplea'ix?c&ﬁﬂ&i

frequency next ste is to performthe act ual
subt r act i escodingi ©n may berused rfObPQ@ROng @sfilter, 19ohias Kalgiansfilter 34 a%ém Beise e

h th |
;V: ;n a][ ie < Suppresser of fi dggg ¥ %tél?ﬁbd fﬁefié)%ﬁef(aﬁﬂﬁxcﬁft& 3496 36b CUnfebidd By ﬁgsﬁﬁﬂawd
noise AR parameters, and these two parameter sets control Kalman filter 34 for filtering

15 frames {x(k)} containing noisy speech in _acco'rdan(_:e with tl')'e_:principles described in {1].

If only the enhanced speech parameters'; -aie requiréd by an application it is nb_t necessary to
actually estimate noise AR parameters (in the noise suppressor of figure 1 they have to be
estimated since they control Kalman filter 34). Instead the long-time stationarity of

background noise may be used to estimate Qv(w')' . For eXample, it is possible to use
b,(0) ™ = pd,(0) ™Y+ (1-p) T (w) (12)

20 where &_ () ™ is the (running) averaged PSD estimate based on data up to and including

frame number m, and 75‘,( ®) is the estimate based on the. current frame (5,,(&) may be
estimated directly from the. input data by.a periodogram (FFT)). The scalar p € (0,1) is
tuned in relation to the assumed stationarity of v(k). An average over 7 frames roughly

corresponds to p implicitly given by



[err]
vari abl e,

where [err] is a scalar design

' y lying in the interval 0 < [err] <4. Innsi?ém e
[err] has ‘g&f}gﬁg}é{"around 1 ([err]=1 corresponds to equation ?; : g’%&ﬁ
WD 97/ 28527
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It is an

. 9 . .
essential feature of the present invention that the enhanced PSD

[err] ([err]) is sanpled at a sufficient nunber of frequencies
order to obtain an accurate picture of the enhanced PSD.

[err] in
I n pract
lerr]

di screte
[err]
further
estimte
typi cal

10

18

20

ice the PSDis calculated at g dis@ete set of frequencies, (13)
(10) 1-p see [3], which gives a
sequence of PSD estinmates

7

This feature is

nel. .. 1 5
i Parametes womay fox F’@EPRIXI% havesa Vﬂ“ﬁlﬁ'@‘g’é é'lgﬁust rates a typical PSD

[err] ([err]) of noi sy speech. Figure 5 illustrates a

PSD estimate [err] ([err]) of background noise. In
In a preferred embodiment averaging in accordance with (12) is also performed for a

parametric PSD estimate in accordance with (6). This averaging procedure may be a part of
block 26 in fig. 1 and may be performed as a part of step 160 in fig. 3.

In a modified version of the embodiment of fig. 1 attenuator 28 may be omitted. Instead
Kalman filter 34 may beé used as an attenuator of signal x(k). In this case the parameters of
the background noise AR model are forwarded to both control inputs of Kalman filter 34, but
with a lower variance parameter (corresponding to thé desired attenuation) on the control

input that receives enhanced speech parameters during speech frames.

Furthermore, if the delays caused by the calculation of enhanced speech parameters is
considered too long, according to a modified embodiment of the present invention it is
possible to use the enhanced speech parameters for a current speech frame for filtering the
next speech frame (in this embodiment speech is considered stationary over two frames). In
this modified embodiment enhanced speech parameters for a speech frame may be calculated
simultaneousty with the filtering of the frame with enhanced parameters of the previous

speech frame.

The basic algorithm of the method in accordance with the present invention may now be

summarized as follows:

In speech pauses do

- estimate the PSD & (w) of the background noise for a set of M frequencies.

Here any kind of PSD estimator may be used, for example parametric or non-
parametric (periodogram) estimation. Using long-time averaging in accordance

with (12) reduces the error variance of the PSD estimate.



this case the signal-to-noise ratio between the signals in figures 4 and 5
is 0 dB. Figure 6 Illustrates the enhanced PSD estlmate [err]
([err]) awae728827€ Subtraction in accordance wth PCT/S Jyely
(9), where in this case [err] = 1. Since the shape of PSD estlmat err]
([err]) is inportant 10 for the estimati on of enhanced speech
paranmeters (will be described below), iL0is an essenti al feature
of the present invention that the enhanced PSD estinate [err]([err]) is
sanpl ed d&ior gpeech activity: insael framgrdo nunber of frequencies to give a true

pi cture of the shape of the function (especially of the peaks).
In practice [err] ([err]) is sanpled by using expressions (6) and (7). In,
for exanpl e- exproased am {x(k$} estimate (h&)AR [patdrhetérs{a} Jahd ﬁ!&’ré@ﬁuﬁlaé}:mr%ﬁﬂce
usi ng the Fast Fouzrlter TransforrH(FFT) Thus, 1, aferr], aferr]

a, are consi der efxa¥f W the FFT of which is to be cal cul ated.

Si nce the nunber of sarrpl es Mnust be larger than p (pis
approximately 10-20) it rmay be necessary to zero pad t he
sequence. Sui t ablbasedodnidesé noisyispeech patanteters Nedicuddte tie PSPRstimbe2d f85 of
exanpl e, 64, 128, 256. However, usually the nunber of Sanp M

m® be chosen smih¢ aeisy gpeech fer a setraf Moftequericies. | ength (N =256 in th| s
exanple). Furthernore, since-ferr]([err]) represents the spectral density
of power, which is a non-negative entity, the sanpled values of [err]

([err]) have to hasedesi @ Gwidand &, (w) , calculate ay\ it 8
PCT/ SE97/ 00124 to non- negat | vea val ues bef gralé s e(ght-‘}:'nsh 6%‘3)

speech par anet erslsmgd%a'l‘hm*(alaed lBraodeslghevasmhhlapproxunately equal hanced PSD
estimate [err]([err]). .

- based on the enhanced PSD @ (@), calculate the enhanced AR patameters and -

the correspondmg res1dual variance.

10 - Most of the blocks in the apparatus of fig. 1 are preferably implemented as one or several
micro/signal processor combinations_ (for example blocks 14, 18, 20, 22, 26, 30, 32. and 34).

In order to illustrate the performance of the method in accordance with the present invention,

several snmulatlon expenments were performed In order to measure the i improvement of the

enhanced parametcrs over ongmal parameters the followmg measure was calculated for 200
1s different simulations

Z[log(@(k)) ~log (®, (k) | '
V=t E k1 (14)
20047 ]
Z log (®, (k) )?

k=1

This measure (loss function) was calculated for both noxsy and enhanced parameters, i.e.
& (k) denotes exther &, ( k) or & J(k) . In (14), ()"“’ denotes the result of simulation

number m. The two measures are ﬂlustrated in flgure 7. Flgure 8 illustrates the ratio between

these measures. From the figures it may be seen that for low s:gnal to-nonse ratios (SNR<



After block 30 has performed the PSD subtraction the collection {[err](m}

of sanples,|l forwarded to a block 32 for calculati

enhanced zwéégﬁsfﬂr aneters fromthe PSD- 5 estimate fsztﬁéépﬂ? lz’i“n
fig. 3). This operation is the reverse of blocks 20 and 26, which

cal cul ated PSD-estinmates from AR paranetygrs. Since it is not possible to
explicitly derive these paraneters directly fromthe PSD

esti mat e, 1§ §BY Bkl hBarited Patdoiters RyRerfcdmbiie WY patameters, while B2 kignal-to-
algorithmfor” systemidentification, for exanple as proposed in 4%@9& be
used. noise ratios the perfofreanceds ppproxtmatelythe samg for both parametersgisad dow S

paranmeters.is al so descri bed. 0] : s

hanced VRS He BPaeiEpeic SR dedfrdtenhanced s Bk bdtameters is of the orbdfor
W th speetiB for a given vadicofimegsur®V.nmay be used for controlling a filter,
.such as Kal man fiﬁter 34 in the noise suppressor of figure 1
(step 200 in fig. 3). Kalman filter 34 is also controlled by the estinmated
noLse AR anet rﬁﬁdq ; iRt : i Netah 4
folrr’ fil teﬁﬁﬁgrg%gﬁ& st igﬁgis'ilm)m? cont g{ah?%@]%@g@%%ﬁh@n ac%or if:l);r;lce
with the g madé pi the priesear inventiomwithout deparmure from the $picihagd s¢apeahéreof; evhich

speech payrapete e requiyed. by an application it is not necessary to
actual ly Es‘{;‘ﬁﬁﬁ‘{gy %@eg\%{éfﬁﬁ%ters (in the noi se suppressor of figure 1

t hey have to be estimated since they control Kalman filter 34).
Instead the long-tine stationarity of ~ background noi se may be
used to estimate [err] ([err]) . For exanple, it is possible to use

[err] (12) 20 where [err] is the

(runni ng) averaged PSD estinmate based on data up to and incl uding

frame nunber m and [err]([err]) is the estimate based on the current
frame ([err]([err]) may be estimated directly fromthe input
data by a periodogram (FFT)). The scalar p [err] (0,1) is t uned
inrelation to the assuned stationarity of v(k). An average over [err]
frames roughly



corresponds to p inplicitly given by WO 97/ 28527

PCT/ SE97/ 00124 v9
[err] WO 9728527 (13) Par anet er p rewysEsgmorsanpl e
have a val ue around 0, 95. In a preferred enbodi nent averagi ng
in accordance with (12) is also performed for a paranetric PSD

estimate in accordance with (6). This ateragi ng procedure nay be a part of
block 26 in fig. 1 and may be perforned as a part of step 160 in fig. 3.

5 In a nodi fied version of thAPREDEMXnent of fig. 1 attenuator 28
may be om tted. |nstead ' . Kalman filter 34 may be used as an
attenuator of signal x(k). In this case the paraneters of t he
backgroung @des &oAbbtaindah mr:miadr \wamaricalt pobustriessc ofit the| estinpition of efhinted

filter 34, but g%ﬂ varlarlge par apet er, (correspondi n to
the desi rpe@nmréﬂ@ateswteé ﬁnm@e data in (11) are transfgrmed:ip apcordance wath |

enhanced ﬂ&gﬁl ‘Bﬂrlg{gg‘ta%,% é&eech franes. 10 Furtherm)re
e ca

if the de ays cause atl on of enhanced speech paraneters is
consi dered too | ong, according to a nmodi fi ed enbodi nent of the present
invention it is posgi bl'e 10 use the en anced speech parane

for a current speech frane foi Tlﬂg'}ln%ah )n,c next speech f&gﬁi
(in this enbodi ment speech is considered stati onary over two franes). In
this nodified enbodi nent enhanced speech paraneters for a speech franme may

beS cal culmg

k=1,..,M (16)

- -log(®,(k)) & (k)>e
k) =

-log (e) d_(k)<e

and where e is a user chosen or data dependent threshold that ensures that ¥ (k) is real
valued. Using somie rough approximatiohs (based on a Fourier series expansion, an
assumption on a large number of samples, and high model orders) one has in the frequency

interval of interest

: ZI. 2 .
' ¢ (k) k=i
E’[Qs(i) -9 (1)) [@s(k) -® (k)] = N ° (17)
0 k=i
10 Equation (17) gives
~ 2L poj
ER(D -y(DI1 k) -y(k)] ={ N (18)
0 k=i

In (18) the expression y (k) is defined by

, 2nk

. r “1l=—m
vy(k) = E[Q(k)] = -log(c?) +log(|1+Y c.e ¥ '|?) (19)

m=l



sinmultaneously with the filtering of the frame with enhanced paraneters- of

t he previ‘g6§mss7 speech frane. The basi c aceagspobiopizef t he
nmet hod i n ac¢cordance with the present invention nmay now be

sunmmari zed as foll ows: I n speech pauses do 20 -
estimate the PSD [err] ([err]) of the badkground noise for a set of M
frequenci es. Here any kind of PSD estimtor may be

used, f ORAseuRing tisat one haeh siatistivally efificient estimate T', and an estimate of theneorreispond-
(periodogram estimation, Using long-tinme averaging in accordance

Wi t h ( 12jngrencvariancet hmatrisr Parthe yett@nce of the PSD estinmate.

-WD 97/ 28527

PCT/ SE97/ 00124 % = {03,6,CprwrC)T (29p
For speech activity: in each frame do based on
-{x(k)} estimate the AR paraneters {a][err]d}_ and the residual error variance
[err] of andits covarianceemtdix P, may be calculated in accordance;,witBd on t hese noi sy
speech paraneters, calculate the PSD estimate [err] ([err]) of 5

t he noi sy speech for a set of M frequencies.

T
el = | ]
o [ ox L*itk)

B (k) =[6EPeT(k)]? (21)

RUk+1) = R (k) +B (k) G(k) B -T(§ (k)]
5 with initial estimates I*, B, and §(0).
In the above algorithm the relation between I'(x) and x is given by

T(x) = (y(1),y(2),., vy (M) T (22)

where y (k) is given by (19). With

/ "'l 1
. 2Rk
2R e
e
[ 3y (k) ) r -j2nk,,
2 1+ c,e o
dlog) | mzl m |
dy (k) [ .j.2mk, ]
¥, - T =]|2Re =F (23)
acZ L m=l
3y (k)
\ acr J -i 2;;1:r ]
2Re| —= —e
1+Y c,e ¥




based on J[err] ([err]) and [err] ([err]) , calculate an estinmate of the
speech PSD err] .([err]) using (9). The scalar [err]
is a desi woyrassebl e approxi mately equal to 1. PCT/SE97/00124
based on the enhanced PSD [err] ([err]), calculate the enhanced AR

. paraneters and t he correspondi ng residual variance.

10 Most of the blocks in the appafatus of fig. 1 are preferably

i npl enented as, one_or  several -~ .mcro/signal processor canbinations
(for exaths gragieaceEl'{x) with respectto x dsgiven by32 and 34) . I'n
order to illustrate the performance of the nethod in accordance with the
present invention, sever al sinulation experinents wer e perforned.

In order to nmeasure the irrpro %g enhanced pararre&efrs
over original paraneters, the ;/\A - a?are'%% calcul ated for 20%*Ns5
different sinulations V= [err (14)

This measure (loss function) was calculated for both.noisy and enhanced

par anet efmm above algorithm (21) m[lelm:q a (o0 ofd@lmﬂzimnelfohestmimg]f,loA (major[p'mf ])f
(k). In (14 err denotes the result ﬁf sinulatio

The two wlatiprs oniginates Hromythemyltiplication wigh, gasriéhe ﬂmersm PERELM KD
the S?W oMt n%’“iisra ?032%?%@%%% (18 i by Bt

5

B, = 2—;.’[ const-r - (25)

where I denotes the (M x M) unity matrix. Th'us',' acdbri_iing toa preferréd embodiment the

following sub-optimal algorithm may be used

G(K) [—L| ]
=2 (k) (26)

R (k+1) = Rk + [ GT(R ]Gk [P -T(R (k)]

with initial estimates [* and £(0). In (26), G(l;) is of size ((r+1) x M).



WD 97/ 28527

PCT/ SE97/ 00124 15 dB) the enhanced paraneters t he
noi sy par IX@P2RE2Twhile for high signal -to- noi se r?g,{r{ég:si !'F(%lgl
performance is approximately the same for both paraneter sets. At | ow SNR
val ues the inproverment in SNR between enpanced and noi sy parameters is of

t he order of 7 dB for a given val ue of neasure V. 5 I t
wi || be understood by those skill ed geFtRENGES t hat various nodifications
and changes may be made to the present invention wthout departure
fromthe spirit and scope thereof, which I's defined by the
?,g-?-?gggg / | ?ZZ?D. Gibson, B. Koo am) 5932&%7 "Filtering of colored fgise for speech
APPENDI X enhancémierR! S18)Y cb@in@ht ZEREaFran3astivns o Atomrics; aSpdeoh Umrid) Sighadf
the estimation of enhanced paraneters, the estinmated enhanced PSD
data in (11) aPecessingt yohelP.ing. s Por d23k-d 744t Auguse 1991. fol | owi ng

non-1linear data transfornati on

5 {21 D.K. Freeman, G. Cosier, C.B. Southcott and I. Boyd, "The voice activity detector
for the pan-European digital cellular mobile telephone sexrvice” 1989 IEEE Internation-
al Conference Acoustics, Speech and Signal Processing, 1989, pp. 489-502.

(3] I1S. Lim and A.V. Oppenheim, "All-pole modeling of degraded speech”, IEEE
Transactions on Acoustics, Speech, and Signal Processing, Vol. ASSp-26, No. 3, June
10 1978, pp. 228-231.

4] T. Soderstrom, P. Stoica, and B. Friedlander, "An indirect prediction error method
for system identification", Auromatica, vol. 27, no. 1, pp. 183-188, 1991.



[err] where . _ :
[err] _ ”Ill“”"l I“Il"ll l and where e is a user chosen-or

dat a depend@or28skr eshro t hat®ensures t hat [err] (K) is recetT/SE97/00124

val ued. Using sone rough approxi mati ons (based on a Fourier series
expansi on, an assunption on a | arge nunber of sanples, and high
nodel orders) one has in the frequency 16 I nterval of .interest

[err] R (17) 10 Equat i on
(17) gives [err] . CLAIMS (18) In (18) the

~ expression y (k) is defined by
| 1. A noisy speech parameter enhancement method, charaéte'rizéd by
" determining a background noise power spectral density estimate at M frequencies,
where M is a predetermined positivé integer, from a first collection of background noise
S samples;

' estimating p autoregressive parametéi's, where p is a predetermined positive integer
significantly smaller than M, and a first residual variance from a second collection of noisy
speech samples; | ) |

determining a noisy speech power spectral dehsity estimate at said M freqﬁencie_s from
10 ~ said p autoregressive parameters and said first residual var_iénce;
dete‘nnixﬁng- an enhanced speech power spectral density estimate by subtracting said
baékground noise spectral density estimate multiplied by a predétermined positive factor from
said noisy speech power spectral density estimate; ahd -

determining r enhanced autoregressive parameters, where r is a predetermined positive

15 integer, and an enhanced residual variance from said enhanced speech power spectral density.

- 2. The method of claim 1, characterized by restricting said enhanced speech power spectral

density estimate to non-negative values.

3. The method of claim 2, characterized by said predetermined positive factor having a value
in the range 0-4.

20 4. The method of claim 3, characterized by said predetermined positive factor being
approximately equal to 1.

5. The method of claim 4, characterized by said predetermined integer r being equal to said
predetermined integer p.
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Assum ng it 7 has” a staLtlé“tléaII‘y efficient estinate [errfT wg%u
estimate of the correspond- ing covariance matrix [err], the
vect or 1 [err] = [err]

(20) and its covariance matrix E’[err] may be cal culated in

d
TR M e ° @y o

[orr] (ke 1) ~{ timating qraioregiackive Gaamiors uhers  is & predeteamingd positve ineger

esti mat es er and ove rit h t he

rel ation %@{ﬁébﬁ”[ qn}j( pﬁr&&lﬁ\gf@rﬁmpg&)&l \%13 r}gét SR of balRpoutd nbi3E
samples;

5 determining said background noise power spectral density estimate at said .M

frequencies from said q autoregressive parameters and said second residual variance.

7. The method of claim 1 or 6, characterized by averaging said background noise power
spectral density estimate over a predetermined number of collections of background noise

samples.

10 8. The method of any of the preceding claims, characterized by using said enhanced
autoregressive parameters and said enhanced residual variance for adjusting a filter for
filtering a third collection of noisy speech samples. '

9. The method of claim 8, characterized by said second and said third collection of noisy

speech samples being the same collection.

15 10. The method of claim 8 or 9, characterized by Kalman filtering said third collection of

noisy speech samples.

11. A noisy speech parameter enhancement apparatus, characterized by

means (22, 26) for determining a background noise power spectral density estimate
at M frequencies, where M is a predetermined positive integer, from a first collection of

20 background noise samples;

means (18) for estimating p autoregressive parameters, where p is a predetermined
positive integer significantly smaller than M, and a first residual variance from a second
collection of noisy speech samples;

means (20) for determining a noisy speech power spectral density estimate at said M

25 frequencies from said p autoregressive parameters and said first residual variance;



iz Y e A byyd%)e M s,

(23) wo 97728527 WO 97 2852F s _ PCT/SE97/00124
PCT/ SE97/ 00124 14
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means (30) for determining an enhanced speech power spectral density estirnate by
~ subtracting said background noise spectral 'den'sity estimate multiplied by a predetermined
positive factor from said noisy speech power spectral density estimate; and

means (32) for determining r enhanced autoregressive parameters, where r is a

wn

predetermined positive integer, and an enhanced residual variance from said enhanced speech
power spectral density estiinate.

12. The apparatus of claim 11, charactenzed by (30) means for resmctmg said enhanced
| speech power spectral density esumate to non-negative values.

13. The apparatus of claim 12, characterized by

10 means (22) for estimating q autoregressiVe paranietérs. where q is a predetermined
positive integer smaller than p, and a second resi_dual variance from said ﬁrst.collecgion of
background noise samples; | '

means (26) for determining said background noise power spectral density estimate at

said M frequencies from said q autoregressive parameters and said second residual variance.

15 14. The apparatus of claim 11 or 13, characterized by means (26) for averaging said
background noise power spectral density estimate over a predetermined number of collections
of background noise samples.

15. The apparatus of any of 'ihe preceding claims, characterized by -means (34) for using said
enhanced autoregressive parameters and said enhanced residual variance for adjusting a filter
20 for filtering a third collection of noisy speech sémples.

. 16. The apparatus of claim 15, characterized by a Kalman filter. (34) for filtering said third

collection of noisy speech samples.

17. The apparatus of claim 15, characterized by a Kalman filter (34) for filtering said third
collection of noisy speech samples, said second and said third collection of noisy speech

25 samples being the same collection.



the gradient of [err]([err]) wth respect to [err] is given by
[err] (24) . The abgys, Lt hm
(21) i nvol"P¥/853t of calculations for estimati ng [err]. A najl%égg%girzﬁ' of

t hese calculations originates fromthe nmultiplication with, and the

I nversion of the (Mx M matrix [err]. However, [err] is close to
di agonal (see equation (18)) and maw?’gpproxi mated 5 by
[err] ("25) —whet-e——denqt es the‘(Mx
M unity matrix. Thus, accdrdi ng‘to a preferred enbodi ment tHe
foll ow ng sub-optinmal al rith::(r*ny be p,'se )=[err] =<
[err] with initgsl] eskd rates [er\l rj(0). In (26),\-%5(k) S
of- size ((r+ 1) x M. g E @
A ©
N >
> \ N ~
ce «©
o & -
2 %
O &
Cd N H ™
Go) \ €
r——----= T — \.
[ [ g\ a a
]
' | »n n g
- } Q, R, e
"\ N1 I =
N | 1 ) —— =
i ey =
! = \/ - S
N
| o 3
= | - : _ X
ie, ‘i N & ‘g
k3 i S =
. { e
]
p———— {
§ o (o] o
o >"l.> - "~
-~ Q } N K ) B~
N3 ! aet| | S8<5
|
s i —4Q i
8 ! N V
‘ I \?
SRS !
N = b= - \
= ©




PCT/ SE97/ 00124

- WO 97/ 28527

PCT/ SE97/ 00124 15

REFERENCES WO 97/28527 [1] J.D. Gbson, B. Koo and S.D. & a}’CT’SWI"P@rzi‘ ng
of colored noise for speech enhancenent and coding", |EEE
Transaction on Acoustics, Speech and Signal Processi ng",
vol. 39, no. 8, pp. 1732-1742, August 1 -.é; 5 [ 2] D. K. Freenman,
G Cosier, C B. Southcott and |I. Boyd, "Phe voice activity detector

for the pan- European dlgltal cellular nobile tel ephone service" 1989 | EEE
I nt er nati on- al "Conference Acoustics, Speech g

Processi ng, 1989L_pp 489- 502. : [3] J.S Lima

Qppenhei m- - pol e nodel i ng - of degraded speech", |'EEE

Transactions on Acoustics, Speech. and Signal Processing. Vo\. ). .
3, June 10 1978, -pp. EBEE31. [ 4] T. Soderstrdm
P. Stoica, and B. Friedlander, "An indirect prediction error

for systemidentification", Automatica, vol. 27, no. 1, pp.

WO 97/ 28527

NOISE LEVEL BUT

20 |
NO SPEECH
NOISE LEVEL AND
LOW SPEECH/NOISE RATIO
T NOISE LEVEL AND

HIGH SPEECH/NOISE RATIO

Fag. 2



CLAI M5
characterized b

spectral V¥@9ZR2¥%7estinate at M frequenci es,
predet erm ned positive integer,

5 sanpl es;
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estimate at said M
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6. The net koolomkssayai m 5, characterized by RETSEN0p R4
aut oregressive paraneters, where g is a predeterm ned positive integer
smal l er than p, and a second residual variance fromsaid .first collection
of background noi se ' sanples; 5 determ ni ng said
background noi se power spectral denS|tw¢3 fﬁate at said M

frequencies fromsaid g autoregressive pdraneters and sai d second residual
vari ance. 7. TheygpSyYospPEECH m 1 or 6, characterized by
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at Mfrequenci es, where Mis a predeterm ned positive integer, froma first

col Fecti oRy, background noi se sanpl es; S
(18) for estl %é??’ﬁg p autoregressive paraneters, where p is 5%?35’%@?‘{% ned
positive integer significantly smaller than M and a first residual

vari ance froma second col l ection of noisy speech sanpl es;

nmeans (20) for determ ning a noisy sp ‘?,2/ wer spectral density estimte
at said M 25 frequenci es from sai ut or egressi ve paraneters and '
said first residual variance; WO 97/ 28527

PCT/ SE97/ 00124 18
heans (30) for determ ning an enhanced speech power spectral density
estimate by subtracting said background noi se spectral density
estimate multiplied byeg pr edet er m ned positive factor fromsaid
noi sy speech power sp al density estirnate, -and means
(32) for determni ANance essive paraneterp, wherer is a b5
pr edet er mi ned posi tqve'la § ?Jg‘ﬂé?mnhanced resi dual | vari ance fromsaid
enhanced speech ‘&% 3.5f{ pgher spectral density estinmate. 12.

The apparatus of c i§16
enhanced peech\powgr spectral density estimatp to non-negative

val ues. 'tz, 1&.5TFha, ap SOMPENSATIPD charagterized by 10
means (22) for estlagray b eQressive paraneters, where q is a

pr edet er m ned DOSi tY \nt eger smaller than p,|and a second

resi dual variance ﬁom5| d fi OOl | ection of 1 background noi se

sanpl es; means or determ ning said background noi se
power spectral densi t§ %tl mat e at said M freq encies fromsaid q
aut oregressi ve paranepef$ and sai d second T eSHEEH—V=——a1Ce.
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(57) Abstract

Noisy speech parameters are enhanced by determining (22, 26)

parametess, determining (20) a noisy speech PSD estimate from the speech parameter, subtracting (30) a background noise PSD estimate
from the noisy speech PSD estimate, and estimating (32) enhanced speech parameters from the enhanced speech PSD estimate.

a background noise PSD estimate, determining (18) noisy speech




