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(57) Abstract

Kalman filtering is applied to obtain a fast converging, low complexity echo (372)) canceller (18). An averaged diagonal Riccati
equation allows optimal time varying adaptation gains X(?) to be precomputed, or computed online with a small number of scalar Riccati
equations.




SUMVARY OF THE | NVENTI ON Thus, it is an object of the present invention to
provi de an echo_cancellation nethod with inproved convergence tine and | ow
coopl exity. Such an echo cancell ation nmethod is characterized by the
features of claim1l. BRI EF DESCRI PTI ON OF THE DRAW NGS The i nventi on,
together with further objects and advant gges thereof, may best be under-
stood by naY258Scr ence to the fol | ow ﬁg descri ption t akeCTiSE9®0ET Wit h
t he: acconpa- nying draw I_.n,whi ch: WO 96/ 25805

PCT/ SE96/ 00178 Fig. 1 %Eﬁég?ﬁgkerd?ﬁﬁﬁ”&n’fﬂmfﬁﬁ}%ﬁq 2@‘ PREMLho generation
process; Fig. 2 is a block diagramillustrating an adaptive filter nethod

for*echo cancel- lation; and Fi grBOHENICAS PRELPON of convergence tines
for an echo cancellation filter opera- tiong in accordance with the prior

art and i n Ehecpreseat invenfiothreldtes for o echio danocallativn methed padapbive filteDtypalin BD
DESCRI PTI ON .OF THE .PREFERRED EMBCDI MENTS Fig. 1 shows a bl ock di agram

i |l ustrati rfgSFomAmuRigaion. i on process. A speaker A talks on a two wire
connection. In hybrid 10 this connection is transfornmed into a four wire
connection, and the speeBACKEGROUNDOEK THE INVENTION w re send path
with a delay represented by bl ock_ 14. The speech reaches listener. B on the
two wire ccﬁ/ﬁheewfsﬂ ip gn imporiapicproblenin telasgmmupication systems, In publig switched, m, B

wi Il reach Ol ditbetits (MSTR), eGhd'{soR@lithes generated in the four to two wire connec-
tions because of impedence mismatch. More precisely, the local loops between the sub-

scriber and the switch use two wire connections, while the connections betﬁreen switches
use four wires. The coupling between two wire and four wire connections is performed
with an electrical device called a hybrid. Ideally, the hybrid should direct all incoming
signal energy from the far end (the distant speaker) to the near end terminal. Since the
connection is a duplex connection it must be possible for the near end speaker to talk
also when the far end speaker is talking. Unfortunately, this means that some signal
energy coming from the far end can be reflected back to the far end because of impedence
mismatch in the hybrid. These hybrids are numerous, and hence it is not feasible to tune
them manually. The situation is symmetrical, i.e. the same effects occur at the far end

when the near end is speaking.

~ In an attempt to solve the echo cancellation problem it has been suggested to use adaptive
filters, especially filters that are updated in accordance with the NLMS algorithm. This
algorithm is attractive due to its relatively low complexity. However, a drawback of the

algorithm is its slow convergence.

SUMMARY OF THE INVENTION
Thus, it is an object of the present invention to provide an echo cancellation method with

improved convergence time and low complexity.

Such an echo cancellation method is characterized by the features of claim 1. .

BRIEF DESCRIPTION OF THE DRAWINGS
The invention, together with further objects and advantages thereof, may best be under-
stood by making reference to the following description taken together with the accémpa.-
nying drawings, in which:



wi t.h a del ay represented by block 16. However, due to inpedance m smatch in
hybrids 10, 12 an echo of A will also be sent back to A on the return path.
Thus, a portion of the incomng signal energy iS usuallTy reflected back to
thée sending side. If the loop delay is short, say less than 10 - 15 ns, the
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connection, and the speech is sent to hybnd 12 on a four wire send path with a delay

represented by block 14.The speech reaches listener B on the two wire connection on the
other side of hybrid 12. Similarly speech from B will reach A over a four wire return path
with a delay represented by block 16. However, due to impedance mismatch in hybrids
10, 12 an echo of A will also be sent back to A on the return path.

Thus, a portion of the incoming signal energy is usually reflected back to the sending side.
If the loop delay is short, say less than 10 — 15 ms, the speaker cannot distinguish the
reflected signal from the side tone of his/her terminal. However, when the loop delay is
larger than 10 — 15 ms the speaker distinguishes an echo from the other end of the loop.
Perceptually, this echo can be very annoying to listen to. If loud, it can in fact make a
conversation impossible. It is to be noted that an echo can also be generated by other
mechanisms in a telecommunication system. For example, in handsfree equipments for
cellular phones an echo is generated by acoustic coupling between the loudspeaker and

the closely located microphone [1].

The hybrid is a dynamical electric circuit, i.e it must be described mathematically as a
dynamical system. This means that the reflected signal from the hybrid depends also on
past incoming signals. This has important implications for the design of echo controlling

equipment like echo cancellers.

The basic principle of an echo canceller suitable for performing the method of the present
invention is shown in Fig. 2. The idea is simply to construct a circuit that mimics the

behaviour of the hybrid when excited by the signal from the far end. Since the hybrid can



The: sanpling rate is 8 kHz in tel ephony systens. Furthernore, it is common
tolet the filter i npul se response have a maxinmal duration of 64 nms. This
then corresponds to 512 taps in this™T1Tter. EXperinents show thar—hybrids
have very varying inpul se responses. It is therefore nec- essary to nake
the FIRfilter of the echo canceller adapjive. This neans that the inpulse
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met hod can be understood starting with a Taylor series expansion of V(Xx)
adaptation mechanism tries to adjust the taps of the FIR-filter so that the variance of

the residual echo is minimized. Some common adaptation algorithms are described in the

next section.

Adaptive Filtering, NLMS and Kalman Filtering
Adaptive filtering algorithms are described in detail in {2]. Here a brief summary is given.

Adaptivity is usually introduced by the minimization of a suitable loss function. It is
therefore of interest to review the most common ones, i.e the steepest descent gradient
search method and the more complicated second order Newton method. For that purpose

consider the problem of minimizing the scalar function V' (z), where z is a vector.

The steepest descent method is based on the .idea. to set up an iteration where the next
estimate of the sought minimum equals the previous one plus a small modification in the
negative gradient direction of V(z) (“downhill towards the minimum®). This gives the
iteration ST
8:c( 2 —— 1
Here p is a constant and n denotes the iteration number. A suitable start value has to

Tns) = Tn—}

be provided by the user.

The Newton method can be understood starting with a Taylor series expansion of V (z)

around the previous estimate z,. Thus write

V@ R Vi) + 8 ozt 2o -

Here T denotes transpose. In the minimum, 8V (z)/8z should equal zero. Thus determine

8V (z)

ox2 jr=2n (z - xﬂ.)' (2)



around the previous estimate x[err]. Thus wite [err] Here T denotes
transpose. In the mnimum [err]V(x)/[err]x should equal zero. Thus
det erm ne WO 96/ 25805 - - 4 )
PCT/ SE96/ 00178 the next estimate x[err] so that this holds true, using the
approxi mati on &é& Differentiating (2) and e?]uating the result to zero
gives (using t M ry of [err]) [err] ving for x[err] PCTSESEODIISN
the iteration [err] which is the Newton iteration. Note that above V(x) is
a scal ar, [err kN net bitimhdeé zi, 5 88 tHRIhfhols thtaeuaegrﬁ.ect ). XDifiéhtintiBting
[err]V(x)/[err] s a square matrix with the number rowsaap col ums
equal to the dl(MWbmﬁqﬁﬁﬁﬁime@mmthQj |i zation of
the constant scalar [err] gva‘(g me dep 2y matrng(zqrrr) is therefore
wel | known that The NeWt= QUi orsi ok e el e )(-""pﬂfn)fcl-ﬂliﬁtlon
than the steep- est descent “fiet'FFas Howl® er"”t‘herg s“aft i nport ant
advantage with the Newt on iterat®6h(@ihe \ﬁbg fz)et d conwer ges nuch
qui cker than the steepest descent axet dxet faog, at t Ax@agd=sc! D56 ?Bft he m ni num 'I(F'%)e
next step is t@Fﬂx{gof l;yreﬁlﬂ& RAY Refi®iogods for construction of adaptive
a t

FIR filtering For t at purp s’ealossfungtlon must be
const ruct ed. Denote the Fory =1 (4)
nH T e T a::’ [T— 6z z=zn

which is the Newton iteration.

Note that above V(z)} is a scalar, 8V (z)/0z is & vector of the same dimension as z,
while 8%V (z)/9z2 is & square matrix with the number of rows and columns equal to the
dimension of z ( (-8-’%@':’ z..) - may be viewed as a generalization of the constant scalar
p to time dependent matrix form). It is therefore well known that

The Newton iteration is much more complex per iteration than the steep-

est descent method.

However, there is an important advantage with the Newton iteration

The Newton method converges much quicker than the steepest descent
method at least close to the minimum.

The next step is then to apply the above methods for construction of adaptive FIR
filtering algorithms. For that purpose a loss function must be constructed. Denote the
output. of the hybrid by y(t), and denote the output of the adaptive FIR filter by (¢, ).
ﬁere t denotes discrete time (¢ replaces the iteration index n above henceforward), and
h indicates that the output of the FIR filter depends on unknown tap values h; (to be
optimized by the adaptive algorithm) collected in the parameter vector h. Then the
residual echo is given by

E(t. h) = y(t) - g(tt h) (5)

To proceed, the FIR filter need to be specified. It is given by
n
§6,h) = Y hea(t - i) = C(o)k (6)

=0



out.put of the hybrid by y(t), and denote the output of the adaptive FIR
filter by [err](t, h). Here t denotes discrete tine (t replaces the
iteratron i ndéex n above henceforward), and hThdlrcates that the output of ~
the FIR filter depends on unknown tap values h[err] (to be optinized by the
adaptive algorithm collected in the par ter vector h. Then the residual
echo is gi voVOR&25BS r] To proceed, the FI'Rfilter need to lmcraEegediveced. |t
is.given by [err] WO 96/ 25805 5

PCT/ SE96/ 00178 [err] A loss functhgn_c now,pe nstructed, from whi a
st eepest descent type algorithm c%@pﬁe(%g%h's'tzr({}c'tnﬁﬁ. This algorithmi sc(t?)
refierred to as the | east nean squar gls(;iori m (LMS) and is very comm(g)in
many applications. The loss function 1 f€rr where the objective is t0
estimate h by mnimzation of the error [err](t, h). Since the mnimzation
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obt ai ned err] and hence it is hecessary (o conpute the
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of the or adl gl el Qmhh ot 155ickEnd. b h&PkatBIFs' S uPUat ed according

V() = 3e%t B) ©)
where the objective is to estimate i by minimization of the error £(t, A).

- Since the minimization shall be performed with the algorithm (1), the following iteration

is obtained ' n

8VT(h) (10)
Oh  \a=h(t)

and hence it is necessary to compute the gradient of V (k). This can be done using (5)-(8).

Consider the j:th element of the gradient vector
8vV(h) _ 18e2(t, h) _ Oe(t, h)

RE+1)=h(t)—~p

oh; ~3 oh; ~ on, &M
a ”
= g ln) — 2zt — e(t, ) = —2(t — )e(t, h). - ay
3 i=0
Hence the j:th tap value is updated according to
hi(t + 1) = hj(t) + paz(t = 5)e(t, )iy (12)

The gradient equations for all taps can be stacked on top of each other and formulated
as the following vector, see (5)—(8)

avVT(h)

= T -
oh  inehtt) C(t)e(t, h)pahcry: (13)

This gives the following vector iteration that defines the LMS-algorithm
h(t+1) = h(t)+uCT(t)elt, L) Y
§t+ 1L, 8) gy = Clt+1h(t) | (14)

e+ Lh)uohy = vE+1)—GlE+1,h)pgy

It should be noted that the updating step in the LMS-algorithm is proportional to the level
of C(t) and &(t, h)_j,)- In particular, the stability properties can be shown to depend



[etr] The gradient equations for all taps can be stacked on top of each
other and fornulated as the foll ow ng vector, see (5)-(8) [err] This gives
the followi ng vector iteration that defines The LMs-algorithm[err] It
shoul d be noted that the updating step in the LMs-algorithmis proportional
to the level of and [err] . In particugar, the stability properties
can be shown t¥® 3 WO 96/ 25805 PCT/SED6/00178
PCT/ SE96/ 00178 heavily on the energy of the far end signal x(t). To avoid
this, the L | r t r LByt
Si gnal C(t)C??H;ﬁr%Pg&&a %va\n"gg#m&h gﬁglr ' L%Z%%ﬁgag% %édaénm;gabg%
(NLMVB) al gor i ti$ nofmeally] noFmatizes] wish ithé energy sf aheanuttsignahr@(t)crl" (o s Thisf givescidiy s
echo cancel |l ersg, .The Kal ma can be t one version of the
second order N@%‘%Hﬂ%ﬂ’?fﬁdlﬁyﬁgﬁﬂv&?mﬁ@ﬁ e conplicated [5],
and is not reproduced here. Is sufficient fo thls purpose to state that
for the nodel given in assurrpth(@n—l%l #nh(tmeéﬁl}lﬁg&ﬂtnﬂt,m filter is
given by: [err] Here [err](t) and C(t) are € din the ENDI X in
connection to assurrptlony&H-lF{; )15 Ot +1r@hr i ance of the additive (15)

noi se com ng fromthe near end r exanPI e back-

This algorithm is state of the art in most of todays echo cancellers.

The Kalman filter can be understood as one version of the second order Newton algorithm.
Its derivation is a little complicated {5}, and is not reproduced here. It is sufficient for
this purpose to state that for the model given in assumption Al in the APPENDIX the
Kalman filter is given by:

h(t + 1) = h{t) + K () (y(t) — C()A(2)) (16)
_ P(t)CT(t)
Kt =z COPRICTR) (17)
P)CTR)C()P(t)

Pt+1) = P(t) + Ralt) - (18)

Ry(t) + CROP(RCT()
Here A(t) and C(t) are explained in the APPENDIX in connection to assumption Al.
Ra(t) is the variance of the additive noise coming from the near end (for example back-
ground noise). R;(t) is.a. technical so called systems noise that states how much com-
fident one can have in the assumption that the taps are constant, see the APPENDIX
assumption A1, third equation. P(0) is the starting value of the P-equation (the Riccati
equation). This quantity equals the a priori covariance of the taps k;. All these quantities

are assumed to be known at least at time ¢.

The Kalman filter starts with one iteration of (18), given P(0). This resultsin P(1). Then
K (1) can be computed, after which (2) can be computed assuming that A(1) is available
(which it is since () is provided by the user, and since K (0) follows from P(0)).

Note that in the Kalman filter P(t) is a matrix of order 512x512 if 512 taps are used
in the FIR filter. Thus the compléxity of the algorithm is enormous as compared to
the NLMS-algorithm. But it converges optimally fast. This quick convergence is due to
the fact that the gain vector K (t) (may be veiwed as one individual z for each tap) is



ground noise). Rlerr](t) is a technical so called systens noise that states
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about 512 times for a filter length of 512 taps. These simplifications must

be done in such a way that at least some of the time optimality remains

in the simplified algorithms.

Exactly how to do this is outlined in the APPENDIX. The result is an aigorithm of block
NLMS-type with approximately optimal time variability. This gives an algorithm with

either a reduced convergence time to the same echo suppression as the
NLMS-algorithm, or a higher echo suppression than the NLMS-algorithm

at similar convergence time from initialization.

tuning parameters that can be computed from physically meaningful
quantities like echo power, echo shape, number of taps and blocks of
the algorithm. |

This latter property gives the following second merit of the invention:

Initially, use a nominal set of tuning parameters and let the algorithm
converge. Then, after convergence more accurate estimates of echo en-
ergy and shape are available. A new and improved tuning of the algo-
rithm can then.be obtained, which in turn results in improved supression
of the echo.

Heuristic Explanation of the Derivations
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the echo from the hybrid.

To proceed with the description of the APPENDIX, first the filter model and quantities
of the Kalman filter are defined. As noted, one main obstacle for the simplification of
(18) is that C(t) is not known in advance and hence P(t) cannot be precomputed. The
idea is then simply to take the formal statistical average over the Riccati equation, in
order to obtain a precomputable quantity. Tﬁe.assnmptions A2 and A3 expresses what is
needed for this, and results in (20) of the APPENDIX. To proceed, additional assumptions
about whiteness of the incoming far end signal is needed (AS5), together with a technical
assumption A4. Then, if the user choices R; () and P(0) are choosen according to A6 and
A7, the Riccati matrix-equation (18) collapses to n scalar approximate Riccati-equations,
just as intended above. However, one thing remains. An exact Riccati equation is a.lw;ys
stable, and possesses a number of attractive features [5]. Since (22) of the APPENDIX
is approximate, manipulations and further conditions are introduced in order to get (23)
which is exact. The APPENDIX then computes the average Kalman gain, corresponding
to (26), and introduces normalization, ¢f. the discussion above about LMS and NLMS.

Then the APPENDIX presents a detailed algorithm (AKFA) that is used in filter 18 in
Fig. 2, and discusses how to choose the various parameters in order to achieve a good
performance. First consider the algorithm. The first line initializes the energy estimate
and the ﬁlterlestimate. The second line introduces the initialization of the scalar Riccati
equations. The third line is an estimator of the power of the incoming far end signal. The
power is needed for normalization of the Kalman gain in the fifth line. The Kalman gain
computation also needs the values of the different Riccati equations for each tap. These



where the rel ati on beween the adaptation gains [err] for each block follows
an exponential relation. The idea is that early taps of the inpul se
response are likely to be larger and nore inportant than late taps of the

i mpul se response. Perfornmance can then be inproved if nore gain is applied
to the inpo rly taps and | ess to tge uninportant. The reason for

| ess gain tyM| nmportant small taps |¢s1 that ot herw se FEESEIMNMT but e
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advance ancelgrritbm. 3 tyrme sptithatbe preconputed. The idea is then sinply to
take the formal statistical average over the Riccati equation, in order to
obtain a preconpy;(@plcan drstnbé dyternhitred fecin rthe iapriori ARswified Atxénisll @dses what
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just as intended above. However, one thing renmains. An exact Riccati
equation is al waysissthad ldetermitbd frons 5(03,Sthe nunibee of Gltentdps antlia/sufétgat ur es
[5]. Since (22) aof tha{ PPENDI X i s approxi mate, mani pul ati ons and further
conditions are i f4%k{fabd in order to get (23) which is exact. The APPENDI X
then conputes the_average Kal man gain, corresponding to (26), and
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when determining the p,(0).

A very important observation is that all tuning parameters can be computed from quan-
tities directly related to physical quantities like echo power, echo shape, the number of
blocks of the algorithm, the filter length and two safety factors that are easy to determine.
This makes the reoptimization procedure described above as one particular merit of the

invention, possible.

Experimental results show that settling time to a specified level of suppression can be
reduced with a factor of 5 as compared to the conventional NLMS algorithm. Fig. 3
shows a comparison of settling times for the error signal for an NLMS algorithm and
the Kalman algorithm used in the present invention, respeciw_rely. In this figure it may
be seen that the error for the NLMS algorithm has converged to a steady state after
approximately 15 seconds, while the error for the method in accordance with the present
invention has converged to a steady state after approxixﬁately 3 seconds. (The figure has
been derived from 15 seconds of speech sampled at 8000H z, but only every 100th error
value has been shown.) The example compares the NLMS algorithm and the AKFA in
terms of convergence time to a given echo suppression. z(t) was a zero mean white signal,
uniformly distributed and with variance 1.00. Gaussian measurement noise was added to

the simulated echo signal (generated by a real world echo impulse response) so that the



Fig. 2, and discusses how to choose the various paraneters in order to
achi eve a good performance. First consider the algorithm The first Iine
initializes the energy estimate and the filter estimie. The second |ine
introduces the initialization of the scalar Riccati equations. The third
line is an estigmtor of the power of the inggmng far end signal. The power
i s needed for noPA¥*®tion of the Kal man gain in the fifth | | RCI/SEY§/09178
Kal.man gai n conputation al so needs the values of the different Riccati
equations for saRoffP) wis' €688, THNBMSHBShm used an adaptation gain of 0.01954 and
PCT/ SE96/ 00178 can, 1f preferred, be preconputed and stored in a nmenory.
The last |ine Bf= i TheghKFAvas applied tocthe sarme detarusing: Boywearsd 925z 6dB), n = 512,
correspondi ng {o_tdaesN lgorjthm e Qv It then remains to
choose the quan Ttlllaég_l[_‘z@?,fgﬂ[iéﬁ]—( g)h?gfr?d&rd[a}ear_r??z'and this is explained
bel ow the algorithm It turns out that p[err](Q can first be determ ned,
from the apri oAlternasivelicecho SRPRIPSSioB fR rqved Ry rapout R dBhalding thy setilingitime
in the al goritF&Hs\(‘ﬂ, the a pri- ori assuned echo inpul se response envel ope
shape (Power, [err]) and the nunber of filter taps (n). a is then
determned fromp[err] (O, the nunber of filter taps and a safety factor
(f[err]). FinaPpth alteraatives may b oblained At the expense of orlyer few parpeptiingrease of the
[err], the nu ¥l and p[err](O. The r[err] then follow from
guantities co%ﬁ%‘%;%ﬁe%%ﬁee?ﬂ ning the p[err] (0. A very inportant
observation is_that all tuni n% paraneters can be conputed from quan-

y

It will be understood by those skilled in the art that various modifications and changes
may be made to the present invention without departure from the spirit and scope thereof,

which is defined by the appended claims.



tities directly related to physical quantities |ike echo power, echo shape,
t he nunber of blocks of the algorithm the filter length and two safety
factors that are easy to deternine. TRl s nakes theé Teoptim zafion procedure
descri bed above as one particular nerit of the invention, possible.
Experimental results show that settling tjne to a specified |level of

suppr essi on WSSy educed with a factor Of 5 as conpared (PCTISES6/00178
conventional NLMS algorithm Fig. 3 shows a conparison of settling tines
for the error signal for an NLMS ang&b%ﬁﬁiﬁﬂ the Kal man al gorithmused in
the present invention, respecively. I'n gure it may be seen that the

error for tioneMiddy W probleas ir- ede dageilation is thatofitheshitiab codvefence time
appr oxi matelf/ 15 seconds, while_the error for the nmethod in accordance W th
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the si mul at gehvuesdRittditoMVerdeded bl €d by a real world echo inpul se response)
so that the WO 96/ 25805 10

PCT/ SE96/ 00178 SNR of y(t) was 10 dB. The NLMS al gorithm used an adaptati on
gain of 0.01954 and_n= 512, The AKFA was appl led to the sane data using
Power 0. 2&"(“6%51{‘14'“"‘5@29'%— 16, [err] 0.001, f[err] =1, flerr] =
0.07815 and rpafa. %cmesmesawmmt&«wnm whBe? ¥sflschote

about 7 dB | ng the settling tine
txme The inputs z(t) to the echo generating system are collected in the vector C(t). To

model filter initialization, it is assumed that z(t) = 0 , ¢ < 0. The measurements of the
reflected echo are denoted by y(f) and these measurement are corrupted by noise e(t),
where e(t} is white and Gaussian with zero mean and covariance Ele(t)e(s)] = &§:.Ro,
Rz > 0. Here E denotes expectation. The discussion is based on a random walk model
that describes the evolution of h(t).. The system noise w(t) is assumed to be white and
Gaussian with zero mean and covariance matrix Efw(t)wT(s)] = & ,Ri(t), Ri(t) > 0.

The Kalman filter development is thus based on the assumption:

Al: The echo generating system is described by

| h(E) = (ma2). .. ha(6))”
c(t)=(z(t—1)...2(t—n)), 2(t)=0,t <0
h(t) = h{t — 1) + w(t)

y(t) = C(t)a(t) +e(t)

Ele(t)e(s)] = 61Ra, Elw(t)w”(s)] = 6esRilt).

{5} now gives the following optimal one step predictor
h(t + 1)t) = A(tlt — 1) + K{)(p(t) — C({OA(t)E - 1)). ' (19)

Here K (t) is the Kalman gain that is computed from the Ricecati equation |5]. C(t) is not
known in advance, and hence it is necessary to iterate the full Riccati equation in real

time. However, following [4], it should be possible to replace P(t) with a corresponding



constant. Both alternatives nay be obtained at the expense of only a few
percent increase of the conputational conplexity. It will be understood by
those skilled in the art that various nodificatirons and changes nay b€ riade
to the present invention wthout departure fromthe spirit and scope
thereof, which is defined by the appended clains. WD 96/ 25305
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in.echo cancellation is that of the initial convergence tinme of the echo

canceller. The prohlemis rela facts that the converge t| e qf
the conventi onegg REY APl %émv%?qst}q?ﬁowﬁte)&ﬁo@n?%%&g&ggwﬁ gﬁ‘r“ﬁg’é?’t‘&?%"é‘k f)'Fmﬁ
t he echo geneneilizations. Jt i tharefbrassimiey thixe | ength of the estimated

FIR-filter. The purpose of this appandix is to obtain a |ow conplexity tine

varying matri X Sig&epgs(Aac; . | ' ed .ialfi
convergence ti ne‘i&ﬁA\?g)algsg%ﬁat{‘xnaR%l@P%% Bgr%%e&ﬁﬂg&ugfﬁ%bgégpé’#eter
vector of the adapt everageRE[R{t}]er P). h(t), where t is discrete tinme. The

i nputs x(t) to the echo generating systemare collected in the vector C(t).
To nodel filter AR AR{t) =aP(tpA P(t) isismallssuned that x(t) = 0, t < 0. The
measurenents of the reflected echo are denoted by y(t) and these

measur enment are corrupted by noise e(t), where e(t) is white and Gaussi an
with zero nearVeBgA2dofalcy aﬁregeﬁ)og&és Jeft-and,Fight %@dﬁw 9ithe Riccath pavation,

expectation. THQ fhn3CAS skByias il ?fﬂ,eﬁ)eﬂ yivd the MIRWiNPASprafiifate averaged equation

cTe() 5
Ro+ C’(t)f’(t)C'—"(t)] P(e). (20)

P(t+1) = P(t) + Ry(t) - P(1)E [

In [4] constant modulus properties of z(t) are used in order to éimplit‘y (20) further. This
is not possible in the echo cancellation case, and a new approach is needed. Note that
Ri(t)/R2 — 0 implies that P(t) — 0 as ¢t — oo . It is therefore reasonable to require
Ry 3> C(t)P(t)CT(t), Vt if Ry(t)/R; is small, as expressed by

Ad: Ry C()P()CT(t) v

This transforms (20) to an equation where the numerator of the expectation is simplified
to the scalar Ry, which can be taken out of the expectation. Since a low computational
complexity is sought, a diagonal, precomputable approximation of E[CT(t)C(t)] would
now be preferrable. This is ensured by

A5: z(t) is a zero mean signal with E{z(t)z(s)] =S(t)8;,,0>.

Here S(t) is the unit step function in t = 0, cf. Al. A5 is reasonable when means are

included for prewhitening and bias compensation of z(t). This simplifies (20) to
2 -
B(t+1)=P(t) + Ry(t) — %;P(t) diag{S(t ~ i)}s=1,..nP(2). (21)
To minimize complexity {21) is now reduced to a set of scalar Riccati equations by

A6: Rl(t) = dia'g{ri(t)}i=l,...,u = diag{s(t’ - i)ri}i=1,....n'

AT: P(0) = diag{Bi(0)}i=1,..n= diag{pi(0)}i=1,...= P(0).

A6 and A7 then show that P(t) = diag{p;(t)}i=1,...n, V¢, where the p;(t) obey the scalar



that describes the evolution of h(t). The systemnoise wW(t) is assuned to
be white and Gaussian with zero nean and covariance matrix [err] The Kal man
filter devel opment 1s thus based on The assunption: Al : The €cho generatirg
systemis described by [err] [5] now gives the follow ng optinmal one step
predictor [err] Here K(t) is the Kal man in that is conputed fromthe
Riccati equ¥Ma@s§8]. C(t) is not known if advance, and hewmcw/sEdé/oos8
necessary to iterate the full Riccati equation in real tine. However,

fol |l ow ng [éclu’a.tikﬁ shoul d be possible to replace P(t) with a correspondl ng
WO 96/ 25805 12

PCT/ SE96/ 00178 ensanbl e aggt#d%~ 'f,(t)t-lhs(te-vqlry-t-i&(n-ab—laﬁ%@) does not di (ZRr
too nuch between different signal realizations. It B2t herefore assuned
that: A2: PSiage '(22)as fiod & Rieualeqaahai,@@)astacwrmeﬁa mud mm(za)mtw fgome
ensanble [err [err]Pét) P(t), 1s_small to cal cul ate

aver ages of u® ?eﬁ’?‘”&’ﬁﬂ‘ Fgﬂﬁ(zﬁgm]‘l@ Pﬂé?lﬂﬁedtbﬂenﬁ'l%‘ar T)"dlq(f  them the;gtguc-

[ A3 .
cquati on [ ey of (B gotid be of KERUAYE, Whith flatedthed ARG WATTALT LHEIEE
to sinplifyComiderfAd.t Note thahisince sP(h)oF dieg i () Ja=1i..n, tit bolds rtbatcé'lﬁt)é’l(t)éf e]p

case, and asu%?, pﬂﬁi)v{oqa&iﬂm, i gzegdsup,_‘ yﬁsﬁnaﬁ,at'i;en A4 is true and Ry > S(t —i)pi(t)o>.

Before simplifying R; > sup,; |7:(t)|no? further to obtain A4, the resulting Riccati equa-

tion is stated as

S(t — i)o?7(¢)
Ra + S(t — 9)o2pi(t)

The assumption above can now be further modified by noting that (23) has, as t — oo,
the stationary solution

1 (rii R, 0’) = — + V 4 + r'}:Q >0 ‘ (24)

It is also straightforward to see from (23) that for t>¢

Pt +1) = pe(t) + S(t — i)rs — (23)

sign(pi(t + 1) — pi(t)) = sign(pf (rs, Ro, 0) — 5i(2)). (25)

Therefore the stability and positivity of the Riccati equation (23), together with Ry >
sup; . |7:(t)Ino?, (24) and (25) motivates why it is reasonable to replace A4 with

A4 Rz > max;pi(0)no?andmax; p;(0) > mex; g7 (ri, Rz, 7).

The averaged Kalman gain vector can now be computed from Al (cf. [2],[4]). Using
A2-A4" and (23) results in

P(t)CT(t)
K(t) = Ra + C()P(H)CT(t)
~ G102 = 1)...Pal®)alt W) = K1) (26)

The averaged Kalman filter requires stability checking since several approximations are
involved. Such stability analysis can be performed with techniques from LMS analysis, in
the case where ¢ — 00 and a stationary solution to {23) is obtained. For large t (24) and
(26) then give

K@)~ - ((fim Bt = 1) ... (i pult)ele — )" (2)



Rlerr](t)/Rlerr] ->0 inplies that P(t)-> 0 as t ->00 . It is therefore
reasonable to require Rlerr] > C(t)P(t)CT(t), Mt if Rerr](t)/Rerr] is

smal |, as expressed by [err] This transforms (20) to an éqguati on where the -
nufnarator of the expectation is sinplified to the scalar R2, which can be
t aken out of the expectation. Since a | ow cqg'put ati onal corrpl exity is

sought, a di agd¥@ Seconput abl e approxi mation of [err] \POT/SE96/00Y78D €

preferrable. This i s ensured by A5: x(t) is a zero nean signal with

E[ x(t)x(s)] Here S(t). is t it st functi nt.= 0. cf.

Al. A5 s rea?gﬂé%ﬁeé %ﬁhgﬂ Rﬁﬁ'ﬁ&i JI*?V#& brﬁﬁhg‘wgﬁtéﬁl&ybﬁhﬁw’ the
conpensati on Otopéition AShésaltsi nplifies (20) to [err] To mnimze conplexity
(21) is now reduced to a sef of scalar Riccati equations by A6: Rerr](t) =

di t dé A7. P =
e e HE G

show that P(t) diag{[err](t)}[err]=1,.,., n[err]t, where the [err](t)
obey the scal ar WO 96/ 25805 13

PCT/ SE96/ 00178 Adgprithimend tuning [err] Since (22) is not a
Ri ecati equati ) > 0 err nQt d, and (22

unst abl e. Howe erg%ﬁ @WE“P&)I%@EE@?‘R% gai/gn_pagegl%;and
i)[err](t), th&ﬂ;o&x'ﬂﬁx dcHfding tH € of (22) woul d be of Riccati type, which
guarantees stability and [err](t) > 0, [err]t [4]. Consider A4. Note that
since [err] it holds that C(t)[err](t)C[Bs=da% < (28)

If No? is estimated on line, the following NLMS like scheme is now obtained from Al,
(19), (23), (26) and (23):

Averaged Kalman Filter Algorithm (AKFA) The algorithm may be summarized

as follows:
(-1 = 0 ; A(O]-1)=ER0)-1]
5:(0) = pf0), i=1,...,n
[(1 - %‘) 68 (t = 1) + £ (®)l>enen
an(t) =
[6%(t = 1) + 2%(t) = 2%(t — N)]se>n
Pt +1) = '-(t)+S(t—z')r _ St 95
& - K et sE- om0
K@) = —7=@®)2(t - 1)...palt)z( — n))T

"(t)
cit) = (z(t—1)...zt-n))7,z(t)=0,t<0

hit+10t) = htle~ 1)+ K (t)u(t) — C()a(t] - 1)).

The $;(t) can be precomputed and stored if preferred. The check of positivity of a%(t)

([ ]>¢) prevents a possible division by zero in the computation of the Kalman gain.

The choice of p;(0) can now be discussed. Since no detailed a priori information about
the impulse response is available, conventional Kalman filter theory [5] and A7 show that
E[r(0)] - 1] = 0, and that p;(0) = E[a?(0)| — 1]. As an example the following piecewise

-constant exponential decay of p;(0) as a function of i is now introduced as in (3]

p0) = pe 1] L Z-mez,. (29)



sup{err](t)[err]. Thus, if [err] , then AA is true and [err] Before
sinplifying [err] further to obtain A4', the resulting Riccati equa- tion
is stated as [err] The assunpti on above tam now be further nodiftieod by ——
noting that (23) has, as t [err], the stationary solution [err] It is also
straightforward to see from (23) that for_t>[err] [err] Therefore the
stability arO8e2%8eS vity of the Riccati eb"hation (23), togepdugseospdihs R err]
> [err], (24) and (25) notivates why it is reasonable to replace A4 with

Ad' T d..Kal nen gain vect | t Al .(cf.
191 141 USthRge Ko eqhs th PopBey oF siasp i SrpavRt pier e A0 Wjo dVACh ARERYeS e e
requires st gijepért parf REGKLND /R HCkh & PtRkRhpEdr Bouni Gl &b Smpuliel réstionke gowspuch

stability analysis can be perforned with techniques from LM analysis, in

the case whds denotpdby] Poweny it followsithatPpwe equals the gumnod) thespitlit di el - For
Ilzr ge t ( 24)Su%ii Zn%) thég%%gi\éﬁsé%%ulﬁng %mgfys? 258 §olving for A results in

1 1 1—-e7
ﬁ—;Power, m=1 ; ﬁ--715'«'Jwerl_e_m,r

,m>1 (30)

where v can be determined by specification of the residual power at tap n as compared
to tap 1, using (29). If the residual power is specified by the factor § it follows that
fe~7™"1) = 5,(0) = 6p1(0) = 58 which gives

=-1—;:£—(Q,m>l. (31)

-1
By choosing §, n, m and Power the corresponding p;(0) can be computed. There are m
different values of p;(0), which means that only m Riccati equations need to be iterated,
if the r; are chosen according to the same principle as p;(0), see below. The multiplication
by S(t — i) can be treated by noting that, if ps(0) = pi4+1(0) and if r; = 7y, then
Pisa(t) = Fi(t — 1). This reduces complexity from being proportional to 3n to being
proportional to 2n + m (NLMS complexity is 2#). Since normally n > m, this represents

a reduction approaching 50%. The reduction in required ROM is larger, considering the
storage of the 7;(t).

Now (28) transforms the first condition of A4’ to
a = finmaxpi(0) = finp:(0). (32)

where f, is a safety factor. To determine r;, first note that 57 (r;, Rz, o) is monotonically
increasing as a function of r;. The following necessary condition for determination of the
allowed range of r; then results from A4’, (28) and (29)

’ 2 )
"Ti Ti .
max (-5 + T + ria | < p1(0). (33)

The r; are related to the average variation rate of the i:th filter tap via the random walk
model Al since E(hi{t) — hi(0))? = tr;. The corresponding time is thus ¢t = p;(0)/r;. It is

reasonable to bostula.t.e the same average drift time to p;(0) for all taps, and (29) implies

= r,e"'[!"l-'l] ,i=2,...,n (34)



However, by conputing [err] .using (24), and by LMS stability theory, the
condition A8 results [err] Al gorithmand tuning An NLMS type al gorithm can
now be obtained by treating R2 as a design variable, and choosing it
according to [err] If Nerr] is estimated on line, the follow ng NLMS |ike
schene is now obtained fromAl, (19), (23), 1(626) and (23): Averaged Kal man
Filter Al gorithWPO&RIES The al gorithm may be sumarized as f olHCIVSES6/oeTs" |
The [err](t) can be preconputed and stored if preferred. The check of

positivity of [s&rrl.learr .event s 083 Vi Sion zer.Q i.,n the .
conput ati on of éﬁé‘?‘ﬁa%“@é’?ﬁﬂm‘éﬁeﬁsﬁ’gé‘%ﬁ e#é?%ﬂsmghg%ﬁwﬁg&? 88"‘*5” A8 using
di scussed. Si nqe8)nThdaesult qal, togethiep Withi (38wt (34) bedudeited e | Npul se
response i s available, conventional Kalnman filter theory [5] and A7 show
that [err] and that [err] . As gn ekdnple the fol Imwi% pi ecewi se const ant
exponential decay of [err] (O as—2'a|' drwd#mm(g-m i)ntroduced as i n(35)
131 [err] W96/ 25805 15

PCT/ SE96/ 00178 JMafd £, i8aSafety factd?S THE BREY refiils B thefW Se constant intervals,
and [(i-1)/1] denot€s the

_ a_(min (2 m@))"
1=h a + famin (3,%,?1(0)) (56)



i nteger part of (i - 1)/1. If an a priori upper bound on echo inpul se
response power is denoted by Power, it follows that Power equals the sum of
the pitO, i = I... n._Summng up the geonetric serres resulting from(29)
ant solving for [err] results in [err] where [err] can be determ ned by
specification of the residual power at taﬁ n as conpared to tap 1, using
(29). If thWOo9sR$88%5al power is specified Yy the factor [erPCT/SEH0178 0Ws
that [err] By choosing [err], n, mand Power the corresponding [err] (O can

be computed. There are mdifferent %g&}{é&éﬁr](q, whi ch means t hat

only mRiccati equations need to be the r[err] are chosen
accordi ng t ¢1]t DeHERIEe, PrieKdnds-FredtelepRirel frébiemSEn Rlotited DisliogrdphyD) Sigidli on
by S(t -i) can_be treated by noting that, if p[err](O = Plerr](O and if
r{err] = r[errErocessiag, yals 237, ne. 3v[H?-r92P9727Th1@2r educes conplexity from being
proportional_t L0 bei ropttional o 2n_+.m VS conpl exity is 2n).
G hee. nor iy Saitie 254,18 P lnmerlal chatensieh S IaHCHEATRY Ko, sophees
reduction in riggidvergs dtivn | elgodithms CQ\GonfRkitie sty " s BighaldProebssingEvol. 27,
[err](t). Now (28) transtorns the first condition of A4" to [err] where
flerr] is a saieByPpati’odd2, 1982%eternine r[err], first note that [err] is

nonot oni cal |y i ncreasi as,a function of rlerr]. The {ollow ng cessary
condi t1on f & %é@vm h dkdrapand Rokoimphe W Lmstfm@ﬁl‘&&ﬁﬁ@w
fromA4' , (28) otls r : t nf e e
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[err]. The corSmsﬂnmﬁdi@Ptdmiﬂgs volhsné.el, pp. 101-108,499%asonabl e t o postul ate
t he sane avera[?e drift tinme top err](Oz for all taps, andmi|29<:)h implies
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1993.
[5] S. Haykin, Modern Filters, Macmillan Publishing, 1989.
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straightforward to devel op A8 u5| (28). The result can, SBEEN
(33) and (34), be coIIect%" ,mmr flerr] is a safet ac EIS

final result is then [err
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259-271, 1992. [2] H Sch[err]tze and R " Numerical characteristics of
fast recursive | east squares transversal ?jﬁﬁ lon algorithnms - a
conparative study”, Signal Processing, vol. no. 3, pp. 317-332, 1992.
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1993. [4] L. Lindbom "Si Iirziﬂ i fied Kal man, estimation of fading nobile radio
channel s: hi gh ‘varying Kalman gain vector K (t) proportional to the vector

(Br(t)z(t — 1) ... Balt)z(t — n))T
where

7i(t) are the diagonal elements of a diagonal matrix P(t) satisfying a Riccati

equation,

i denotes the ith diagonal element of P(t),
t denotes discrete time,

n denotes the number of filter taps, a_.ﬁd

T denotes transpose.

2. The method of claim 1, characterized by each diagonal element p;(t) satisfying

the scalar Riccati equation

St — 95}
a + 8(t - i)pilt)

Pi(t + 1) = 5:(t) + S(t — i)r; —
where r; and o are constants and S(-) is the unit step function.

3. The method of claim 2, characterized by said matrix P(t) being formed by diagonal
block matrices, said diagonal elements p;(t) being the same within each block

matrix.
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CLAIMS 1. An echo cancellation nethod in a tel ecomruni cation system
characteriz ancelling said echo in an input signal [err](t) with a

Kal man filte a tinme varying Kal man gain vector [err¢¥sEossn0178
proportional to the vector [err] where [err](t) are the diagonal elenents

of a diagonal matrix P(t) satisfying a Riccati equation, i denotes the ith

di agonal elenent of [err](t), t denotes discrete tine, n denotes the nunber
of filter taps, and T denotes transpos?éz$ The nmethod of claiml,
characteri zed by each di agonal el enent rr](t) satisfging the scalar

Ri ccati equation [err] whe er d [err] are constants and S([err]) is
the unit step function. S.ﬁ'&&k’mwﬁof claim?2 /Enracterized by said

matrix [er mgo WREformed by di agonal | TWO WIRE
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| ~ CLAIMS

1. An echo cancellation method in a telecommunication system, characterized by
canceling echo in an input signal x(t) with a FIR filter of Kalman type having a time

varying Kalman gain vector X () that is proportional to the vector

(Bt = 1)... B, (A)x(e - m))

where

t denotes discrete time,

P(f), i=1..n, denotes the ith diagonal element of a matrix P(f) that is
diagonal for all f,
satisfies a Riccati equation, and
is indeépendent of said input signal x(t),

'n denotes the number of filter taps, and '

T denotes transpose.

2. The method of claim 1, characterized by each diagonal elemnt 1‘7,.(t) satisfying the

scalar Riccati equation

where r;and « are constants and S(;) is the unit step function.

3. The method of claim 2, characterized by said matrix P(f) being formed by diagonal

block matrices, said diagonal elements p, (t) being the same within each block matrix.
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