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Abstract—In this paper we consider the problem of designing
coding and decoding schemes to estimate the state of a scalar
stable stochastic linear system subject to noisy measurements and
in the presence of a wireless communication channel between
the sensor and the estimator. In particular, we consider a
communication channel which is prone to packet loss and includes
quantization noise due to its limited capacity. We study two
scenarios: the first with channel feedback and the second with
no channel feedback. More specifically, in the first scenario the
transmitter is aware of the quantization noise and the packet loss
history of the channel, while in the second scenario the transmitter
is aware of the quantization noise only. We show that in the first
scenario, the optimal strategy among all possible linear encoders
corresponds to the transmission of the Kalman filter innovation
similarly to the differential pulse-code modulation (DPCM). In
the second scenario, we show that there is a critical packet loss
probability above which it is better to transmit the state rather
than the innovation. We also propose a heuristic strategy based
on the transmission of a convex combination of the state and the
Kalman filter innovation which is shown to provide a performance
close to the one obtained with channel feedback.

Index Terms—Kalman filtering, packet loss, quantization noise,
channel feedback, differential encoding

I. INTRODUCTION

Wireless communication has become ubiquitous and wired
communication systems are increasingly being replaced with
wireless systems thanks to their many advantages such as
smaller installation costs, easier maintenance and fewer cum-
bersome cables. However, wireless communication comes at
the price of lower channel capacity which results in higher
quantization noise, packet losses and delay. This concern
is particularly apparent in industrial applications such as
remote sensing and real-time automation, since a very high
level of reliability is needed in control systems and safety-
critical scenarios. As a consequence, it becomes of paramount
importance to understand the impact of realistic channel mod-
els in the context of estimation and control. So far most of the
works available in the literature have concentrated on stability
and control subject to only one specific limitation of wireless
communication. For example, in [1], [2] the authors addressed
the problem of stabilization of an unstable plant through a
rate-limited erasure channel where no performance index is
considered besides stability. Other researchers have tried to
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tackle the channel limitations by using analog models in order
to avoid the difficulties associated with explicit design of digital
channel encoder/decoder and to optimize some performance
metrics among all possible stabilizing controllers subject to
packet loss [3], [4] or subject to a maximum signal-to-noise
ratio (SNR) [5], [6]. Finally, another well explored approach
is the analysis, under an LQG framework, of control systems
subject to random packet loss, quantization [7], [8], [9], [10]
and possibly delays [11]. All these works have been concerned
with stability in control systems. However, there are many
applications, such as remote sensing and estimation, where
the dynamical system to be controlled is already stable, but
the existing communication and feedback performance can
be substantially improved. In this work we are interested in
exploring the problem of remotely estimating the state of a
stable stochastic scalar linear system over a wireless channel.
In particular, we want to design coding and decoding strategies
that allow good estimation performance in the presence of
packet loss, quantization noise and measurement noise. So far,
mainly packet loss has been considered in the context of remote
estimation [12], [13], although there are recent attempts to
consider both limitations [14], [15], [16], [17]. Note that the
focus in [16], [17] are on deriving minimum data rates for
stabilizability over lossy channels, whereas we focus on the
actual estimation error performance in the presence of quan-
tization (data rate constraints) and packet loss. In particular
we explore two scenarios. In the first scenario the transmitter
has perfect channel feedback, i.e. it is aware of possible packet
losses and therefore it is able to replicate the receiver filter. As
a result, we show that the optimal transmission strategy is to
send the innovation between the best estimate of the state at the
filter and the predicted estimate of the state at the receiver. This
is reminiscent of differential pulse-code modulation (DPCM)
[18] in which a differential signal is sent over a channel with
no packet loss. Differently, in the second scenario, we consider
the case when the transmitter is not aware of the packet
loss history. We propose three strategies: the first named state
forwarding (SF) in which the estimated state is transmitted
over the channel, the second named innovation forwarding (IF),
in which the difference between the state and the estimate that
a receiver would have if no packet loss had occurred is sent; the
third one, named soft innovation forwarding (SIF), transmits a
convex combination of the signals mentioned above and thus
includes SF and IF as special cases. For these three strategies
we compute their performance and observe that in the low
packet loss regime it is better to use strategies that are similar
to the IF, while for high packet loss regime it better to use
strategies that are similar to the SF. Some preliminary results,
which considered the simplified scenario with no measurement



noise, can be found in [19].
II. CHANNEL MODELING AND PROBLEM FORMULATION
We consider the problem of remotely estimating the state of
a scalar linear stochastic dynamical system:
ars + wy (D
cxy + v (2)
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where w; ~ N'(0,02), v; ~ N(0,02) are white, uncorrelated
and uncorrelated with the initial condition zg ~ N (:fo,ag).
More specifically, as graphically depicted in Figure 1, the
analogue measurement y; at the sensor can be pre-processed by
the filter g(-) into the analog signal s; before transmission. The
signal is then quantized into a word s? from a finite alphabet,
which is then coded and transmitted over a digital noisy
channel. At the receiver, the channel decoder either perfectly
decodes the word s} or detect an erasure which is modeled
by the binary variable vz € {0,1} = {erased,decoded}. If
correctly decoded, the word sj is converted into the analog
signal z;, which is then processed by the receiver via the filter
h(-) to provide the state estimate Z;. The transmission protocol
might be provided with an ACK-based system that notifies the
transmitter whether the packet has been successfully decoded
at the receiver. We refer to this scenario as perfect channel
feedback; if the ACK signal is not available we shall sat that
there is no channel feedback. We now proceed to mathemati-
cally model such system.

In the following we will consider the simplified assumption

c=1, lal<1 3)

where the first assumption can be used w.l.o.g. since the case
¢ # 1 can be easily obtained via a rescaling of the process
noise variance o2, while the second assumption is necessary
to guarantee that the stochastic signal y, is asymptotically
stationary with bounded variance. The transmitter can send
a signal through a digital noisy erasure channel modeled as
follows

2t = si = (8¢ + i)

where v; € {0,1} represents the erasure event, sy € R
is the quantized transmitted signal, s; € R is the signal
before quantization, and n; is the uncorrelated additive noise
which models the quantization error under a fine quantization
assumption.

Remark 1: The validity of the additive quantization noise
model for high rate uniform scalar quantization has been
rigorously shown in [20] for continuous input densities, and see
also [21] for similar studies. It has been however shown in these
papers as well as many other recent literature such as in [22]
that although in principle only high rate quantization theory
justifies such an additive white quantization noise model, in
practice this model holds as a very good approximation for
moderate rate quantization. If fact, as shown later in via
numerical simulations Section VI, a uniform scalar quantizer
with only 3-4 bits of quantization per sample used to quantize
the signal s; provides results that are sufficiently close to the
theoretical values based on additive noise model proposed in
this work. Note that in a wireless local area network (WLAN)
with orders of megabits per second data rates (even when

shared amongst various links), it is not unreasonable to expect
3-4 bits per sample with a sampling rate of say 0.1 MHz
which is likely to be sufficient for most physical dynamical
systems. Thus, this additive white quantization noise model is
also suitable for use in practical implementation of estimation
over lossy wireless links.

The variables satisfy the following assumptions:

Plyy=0=¢ ni~N (0, iE[sf])

where A is the signal-to-quantization noise ratio (SQNR) of
the quantizer; {7;} and {n;} are assumed to be independent.
This model for the SQNR noise assumes that the quantizer
is matched to the stationary distribution of the incoming
signal s; so as to maintain a constant SQNR value A. The
transmitter sends a signal according to its available information
set, i.e. s; = g;(7T;) where g; is a measurable function of the
information set 7; which can take the following two forms:
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The first set 7¢F corresponds to a scenario with perfect
channel feedback where the transmitter knows the sequence
{¥t—1,--s70}, i.e. whether a packet has been received success-
fully or not, while the second set TNCF has no such informa-
tion. The first scenario is realistic in wireless communication
where the receiver can transmit back a signal with higher power
and therefore very small packet loss probability. Moreover, the
information to be sent back reliably is just an ACK packet. For
convenience of notation and future use we define the symbol
E, which denotes expectation taken conditionally on the entire
loss sequence . Moreover we define

Zy=A{z,.,20} Ri:=A{z,.. Yo}

which correspond to the past history of the received signals.
Then the state estimator at the receiver side based on the
information R, is given by

= Elwi|Ry] = E [21] Z4] @)
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Under our Gaussian assumption on the initial condition and
noises, h~(2;) 1= E;ﬁ is a linear function of Z; which depends
on the loss sequence , ..,vo. We are interested in analyzing
the performance of the overall system based on the estimation

prediction error variance at the receiver, i.e.
- = 2
Pfﬁut = E[(z141 — fﬁm) ]
where the expectation has to be taken also with respect to the
packet drop process ~; besides the noises wy, n;. As a result,
we will assume that the delay necessary to deliver a message
from the transmitter to the receiver is smaller or equal that the
sampling period, i.e. one time-step.
For future use let us also define the measurement history
Vi :={ys,.., Yo}, the state estimator at the transmitter side

Ty = Elwd Vi) = aZiZ gy + kalye — aZiZ 1) (9)
where Et is the optimal filter gain, and the estimator error

~tx ~t
xtl’"t =T — xtﬁ (6)
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Fig. 1. Equivalent communication model for remote estimation.

Since the system is asymptotically stable! the variance
Pl = E[(%ﬁi)z] has the property that lim; o Pl =
p2, limy o by = k where p'% is the unique non-negative
solution of the following filter Riccati equation and k its
corresponding steady state gain:

tr _ 2tz , 2 (@®pli+o)® 5, aPpfton
Poo = 0 PooT00w =5 21,2 v 2 5, 3
a*pE+og +oz a*pE+og +oz
P _Opkton (8)
a*pie+oy+oy

which shows that for 03 = 0, then also p’éﬁ = 0. In fact, in
this scenario Zy; = ;.

III. OPTIMAL ESTIMATION WITH PERFECT CHANNEL
FEEDBACK

We now consider the state estimation problem with perfect
channel feedback, i.e. also the transmitter is aware of the packet
loss sequence incurred across the digital channel. We show that
if we restrict our attention to functions g(7,“F) and h(R:)
which are linear in the information sets ’ECF and R, then the
optimal strategy is to send the state estimate innovation, i.e.
the difference between the current best state estimate at the
transmitter and the current best prediction of the state at the
receiver.

A. Optimal strategy derivation

Our purpose is to find the “optimal” message s; to be sent
through a lossy and SQNR limited channel in order to minimize
the state estimation error variance at the receiver, under the
assumption that perfect channel feedback is available. We shall
look for conditionally linear encoders?

s¢ =Ly (Y, Z-1) 9

where L. (Y, Zi—1) 1is, conditionally on the packet loss
sequence 7y;—_1,...,Y0, a linear operator of its arguments
Yt, Yt—1, --, Yo (the samples to be encoded) and z;_1, .., 2y (the
past received signals). The result of this section is summarized
in the next theorem. The remaining part of the section proves
the result.

Theorem 1: Under the assumption that perfect channel
feedback is available (i.e. that y;_1, ..., 7o are known also at the

'Note that this is not necessary and milder stabilizability and detectability
conditions are sufficient for the state estimation error variance to be the unique
positive semidefinite and bounded solution of the algebraic Riccati equation
.

2We restrict to linear functionals because the stochastic system is condi-
tionally Gaussian given the loss sequence {~v:} and, therefore, the optimal
estimator conditionally on {~;} is a linear functional of the observed data.

transmitter side), the optimal linear encoder (9) for the linear
system (1)-(2) is given by:

s 7= Tpjy — Tyi_y = Elag| V] = By [ Ze4]  (10)
Proof: The encoder has to find a linear function of all

available measurements which retains as much information as

possible regarding the state to be estimated. We can define

— By [ys| Ze-1] (1)

which represents the innovation (i.e. the “new” informa-
tion) in ys which is not already contained in R;—1 =
{Vt=1, --s Y0, Zt—1}. Then we define &; := {e, ..., e0}.

Note that, however, only part of this information is necessary
to estimate z;. As a matter of fact £ can be reduced so as to
retain all and only the relevant information on x; this reduction
has sometimes been called Sufficient Dimensionality Reduction
(SDR) [23]. Since x; is scalar, the (linear) sufficient statistic
in & for z; has dimension 1 (which is equal to the dimension
of the projection of z; onto the space spanned by the elements
of gt)

Hence we seek for a signal s; = ZE:O aier—i, o; € R, so
that the optimal estimation

€s = Ys

./f\:‘zt = E,y [Z‘t |Zt]

has as small (conditional) variance as possible.

Note that the “noise” m; is known at the transmitter side
since the transmitter generates s{ starting from s;. Since s; =
ZE:O aeq—;, and using the fact that both the noise n; and
es are uncorrelated from z,, s < t (see also (11)), also z; is
uncorrelated from z,, s < t. Therefore the estimator i;ﬁ =
E, [x¢| 2], satisfies:

mrx

T = Byl Zea] + By fwlz] = 255y + Ey[ze] 2]

R Ey[zese] _ prx 1
= Ty + EW[S?](H%)% =Ty + [ 2t

(12)
T
t

Var,y{fc:ﬁ_ 1} = Var {E[z|z]}

Note now that, defining & ﬁ =T — f;ft we have

Var, {z};}

where the symbol Var, denotes the variance conditionally on
the sequence {v:}. Since the choice of s; does not affect the
first term on the right hand side, minimizing Var{Zji} is
equivalent to maximizing

By lmse))®  _ . EBylzesi])?
ity = e

. Hence we are left with maximizing

Var {Ey x|z}

St

vV Eq 5]

E, [x¢5:], which is obtained choosing «;, i = 0,..,¢ so that

where 35;



St = ZE:O o;eq—; has maximal correlation with z;. This
is achieved when® s; := E7[$t|gt] = E, @&, Zi1] —
Ey[$t|Zt71] = E’y[xt|yt>zt71} [$t|2t 1] = 9C§|t f;ﬁ,y

Hence, the optimal signal to be sent through the SQNR-
limited channel is

St 1= /{E\illt E’y[.’L't|Zt,1]

— Ty = E[ze| V] -

which concludes the proof. ]

The Kalman filter estimation error fiwf in (6) has some
interesting uncorrelation properties, which will be useful in
the forthcoming analysis, that are summarized in the following
Lemma:

Lemma 1: In the perfect channel feedback scenario, the
Kalman filter estimation error %?t is conditionally uncorrelated
with respect to both the transmitter and the receiver estimation
error, i.e.

E,[7,24] = 0, E, (@77 =0
Proof A well known property of the optimal estimation

error a:tl % is that it is uncorrelated to any linear function
of the same data based on which it is constructed, i.e.

[~iﬁ£({yh} o)] = 0, from which it directly follows that
E[zizz!t] = 0. Conditioned an a specific realization of the

t|tt|t
packet loss sequence {7}, the estimator at the receiver is a
linear function of the received data, i.e. zt‘ b= Ly({znth—0)-
Since z; = v, (7t t‘t x:ﬁfl —&—m), by linearity we can certainly
write the estimator at the receiver as

c;({yh}zzo) + E;’({”h}zzo)

where £’ and Ei: are linear functions conditionally on the loss
sequence Since = xtl " is uncorrelated with the noise sequence
{n:}, the statement of the first part of the lemma easily follows.

_TT
Tije =

B. Performance analysis

Based on the analysis in the previous subsection, the optimal
linear strategy for remote estimation in the presence of channel
feedback, which is graphically represented as in Fig.2, is
the following: at the transmitter the measurements are first
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Fig. 2. Remote estimation scheme with perfect channel feedback

preprocessed by a standard Kalman filter to obtain the best
estimate of the state at the transmitter Aﬁi (see (5)) as well as
to reconstruct the best prediction at the receiver side Z7
see (4).

Once again, based on the previous section, the optimal strat-

egy at the transmitter is to send the innovation s; = z¢ fI i:ﬁ_l

t\t 1°

t

3The chain of equalities can be obtained recalling that, conditionally on
the loss sequence {~:}, all random variables are jointly Gaussian and, as
such, conditional expectations are linear projections. In addition recall that
conditionally on ~, & is uncorrelated with Z; given ~ and the linear span of
Et, Z¢—1 equals that of Vi, Z¢_1.

from which it follows that the signal received at the remote

estimator is
2= (T — Tiii1 +ne) = welme — Ty, — Ty 1 + ).

According to the standard MMSE theory for linear systems,

the optimal filter equation must be of the form:

=TT =TT
Tijt—1 AT~ q1¢—1 (13)
E:‘wt = Ei,\tﬁ—l +kt(2t - /’é\t‘t—l) (14)

where we used the result from Eqn. (12). The expression of
the optimal Kalman gain k; is given by*:
A

-1
v e A+1

which is independent of time and of the packet loss sequence.
If we define the estimation error as 55% =z — fc\{ﬁl and its
corresponding variance as pyj, = E[(z gﬁl)Q] we get

ki = covy{xt, 2t —Zyp—1}Var —Zye—1} = (15)

%:il\t = a(l — ’}/tkt)gaa;71 —+ wy + 'ytakt(fift — ’I’Lt)
Note now that, using also Lemma 1, E[n?] = %]E[(:”E{ﬁfl -

B2 = REIEE )P -2+ @Y = K0U -

~t ~t _
2pt|t ptlt) (ptlt 1 ptlt) andIE[ T 1‘Tt\zt] ]E[(xt‘zt) =
ptlt. Using also that k; = AT—l’ then the receiver error

(unconditional) variance is given by:

a’A

Pt = @i +oh = (1= 7l —pif)

Since |a| < 1 the previous linear equation has a steady state
solution given by:

0-721} + (1 - 6) A+1poo

. 214€A
1—a TEA

CF : T
p i) = tliglcpt-i-ut: (16)

which represents the steady state predictor error variance.

IV. STATE FORWARDING VS INNOVATION FORWARDING
WITH NO CHANNEL FEEDBACK

In this section we consider the challenging scenario where
no channel feedback is present. In this case the information
set at the transmitter 7,V “*" does not include the information
set at the receiver Ry, i.e. Ry ¢ ’EN CF As consequence, the
transmitter cannot produce a copy of the transmitter estimate
A;ﬁ 1- The optimal strategy in this case is not obvious and
it is likely to be a non-linear function of the information
sets T,VCF R,. This situation is reminiscent of the loss of
separation principle in control systems where the estimator is
not aware if the control input has been successfully received
by the actuator or not [9].

As a consequence, we explore suboptimal linear strategies
for which is it possible to compute the performance. In
particular, there are two suboptimal naive strategies that can be
proposed. The first strategy, that we refer to as state forwarding
(SF) is to simply transmit the current transmitter best estimate
of the state z;, i.e. s; = fﬁlﬁ

“The subscript -y reminds that covariances are taken conditionally on {~¢}.



To introduce the second strategy, let us now define the state
predictor at the transmitter side using the quantized signals as
information set, i.e.

jﬁvtfl = Elxy|s] 1,80 o, .., 8¢

a7
Inspired by the optimal filtering scheme with channel feed-
back, which requires sending the difference between the state
estimator at the transmitter side and the state prediction at the
receiver side, we now define the innovation forwarding (IF)
strategy in which the transmitted signal s; is given by the
difference between the state estimator at the transmitter side
and the state predictor computed at the transmitter side as-
suming (incorrectly) that the all the past quantized transmitted
signals sf = s; + ns have reached the receiver, i.e. assuming
v = 1,Vt. More specifically s; = fiﬁ — fﬁ‘ﬁfl. The rationale
behind this strategy is that in a lossless channel, i.e. if € = 0,
it provides the optimal strategy as discussed in Section III.
For both transmitter strategies, the receiver will compute the
MMSE estimator, i.e Zj; = E[z; | R¢]. As just mentioned, in
general f;ﬁ =+ fﬁrt and E;ﬁ =+ Tift These two strategies can
be graphically represented as in Fig 3, where the SF strategy
corresponds to v = 1 and the IF strategy to v = 0.
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Fig. 3. Remote estimation scheme with no channel feedback

We now state an instrumental lemma which will be useful
later on:

Lemma 2: In the scenario with no channel feedback the
transmitter state estimation errors Z% is conditionally uncor-

tlt
th ot mtr ~rT 3
related with Tyl Tly_y and Tij_qs 1€
E,[zizt] = 0, E, [z557 ] =0, E [2iE27%] = 0,V
Y TteLee] =V By Tepeje—1] = Y5 BylTyelyel =Y
~tx —tx . ops .
and Ty, := @ — T,j;_4 is conditionally uncorrelated with,

wr

—tx T .
Ty and Ty, 1

~tx ~tx
= —tx _ = ~rr] __
E7[$t|t71$t|t71] =0, B, t\tflxﬂt] =0,vv

Proof: Since the estimator Efft is not influenced by chan-
nel feedback, the first statement Las been proven in Lemma
1.

The other two statements follow easily using the same
arguments as in Lemma 1 since Tilxt_l and E;ﬁ_l are linear
functions of {yx,k < t} a~ntcalc of {nk, k < t}, which are all

uncorrelated with Et‘””t

¢ and Ty . ]

A. State forwarding strategy (v = 1)

In this section, as seen before, we assume that the transmitted
message is a noisy version of the estimated state, i.e. has the
form

q _ mtx _ ~tx
§; = Tfjp TN = Ty — Ty T

where

E\[nf] = E,[@)% = ;(El7] - E,[(@)%)

1
A ) t|t
% (12 - E1@)Y)

and we assume that x; has reached its steady state distribution.

In fact limy_, o E[22] = 12 =: poy, holds for |a| < 1; this
in particular shows that the state forwarding strategy cannot
be used for |a|] > 1 since the signal variance and hence
the quantization noise variance would diverge. The message

received at the remote estimator is then

Zt = ’}/t({l?\ﬁ't + nt) = ’Yt((Et — :’Eirt + nt)

which can be interpreted as a noisy measurement of the filtered
state, where n, is the measurement noise, subject to intermittent
observation. This problem has already been solved in [12] and
the solution is given by the following time-varying Kalman
filter:

=TT =rT
Tijg—1 ATy~ q)4—1 (18)
T o= B k(e — B, (19)

The state estimation error then satisfies the equation
%:il‘t = CL(]. — ’}/tkt)gaa;71 —+ wy + ,yta‘kt(firt — ’I’Lt)

from which the conditional error covariance
Pty = (L —vke)Biiy + 7k (E((T))? + Ey[n7])
+2a% ke (1 — ek By [205275 ] + 0f,

where Py, = ]Ev[(iﬁntﬂ'

Since by Lemma 2 E,[7;7,2}% || = pi; and E,[n}] =
%E[(fiﬁ)ﬂ = +(E[z?] - EW[(%ET@)Q]), then the optimal gain

obtained by minimizing the right hand side is given by:
Py, ﬁ—l - pi\zt

A+l tx o2 '
A Py T Ag—ad

k; =
ﬁtrﬁq -

From which it follows:
By -1 —pii)*

A+l te 1 ,0L
—TA Pyt AP

orx _ 2-5rx 2 _
Pifae = @ Pyi—1 t 0w %5?\’&4

The optimal estimator could be computationally expensive
since it needs to keep track of the conditional estimation error

covariance ﬁ:ﬁ_l which is a function of the packet loss history

h t=1 As done in [24], the previous filter can be replaced
Thih=0 p p
with the following constant gain filter:

Tyjpq = ATty
Ty = Ty twk(z — T ,)
Eo— pSF(e)_pg pSF(€)>O
(P57 (e) = pke) + 5 (POF — piz)
2(SF ta )2
a“\p~ (€)—Pp
pSF(E) — a2pSF(e}kai—(1—e) ( ( ) oo)

(P57 ()-pk)+ 5 (P°F —pk)
which has the property that asymptotical its error covariance
is also an upper bound for the steady state error covariance

p:ﬁ_l = E[ﬁtrﬁ—ﬁ of the optimal estimator E;ﬁ_l, ie.

=p°"(e)
It has been shown in [24] that the previous inequality is quite

tight, i.e. the performance degradation incurred using a constant
gain rather then the optimal time-varying gain, is small.

limsuppyf;_; < lim Ef(z; — Tfﬁ_ﬂﬂ
t—00 t—00

(20)
21

(22)

(23)



B. Innovation forwarding strategy (v = 0)

In this section we consider the innovation forwarding scheme

—tx

_ otx
St = Typ — Tyjg—1

=t — q qa _
where 7, | = Elz,|sy_y,... 50] and s{ = s; + n;. The

MMSE estimator at the receiver Zy7,, = E[zi41| 2] is,
conditionally on {7;} a linear and finite memory functional of
the past received data and must have the following form:

~rz _
AR axt‘t L Fak(z —7z) = axtlt | +akiz
22 = Y(se+n) =7 (zt‘t — xt|t71 + nt>
(24)
where z; := E,[2¢|Z:_1] = 0 since J?i‘””t - f?ﬁq and n, are

uncorrelated and white. The optimal gain k; is to be selected, at
each step, to minimize the conditional receiver state prediction
error covariance Py, = E,[(zi41 — 777, ,)°]-

This is easily achieved writing the equation for the prediction
error and differentiating w.r.t k;. Let us first derive the dynam-
ical equation for x xtlt L= T — f{l"’i_l, which is obtained by
subtracting the state prediction update Eqn. (24) from the state
equation Eqn. (1), obtaining

T = a(l_%ktﬁtrlﬁﬂ_'Ytakt(A/ft_ %i\act +n¢) +wy
~tx

~tx d
xt‘t 1 an xtlt 1=

where AZ, := Ty, xtlt 1= Typq
~tx

Ty xt‘t 1- This implies that z} = Typ_1 — AZ;. Using

Lemma 2 we obtain:

t\t 1

~p ~tx ~tx ~tx
E, [z} t|t 1%¢)t— o= E’Y(xt\t 1_A$t>37t\t 1]
~tx ~tx
= Ev[xﬂt 1xt|tt 1 =D}
e ~ x ~r
Ev[x:ﬁflet] = E,[7} |t 1($t\t 1= t|t—1>]
= ( |t 1 pt)
E,[AZAZ,] = [(mtlt 1 = T ) AT
= -E,[z t|t—1AIt] :ﬁ:\lt—l -}
—tz ~tx .
where 7Y = E,[(z; — $§|t D3 = E[(xtlt_l)z]. Recalling
1 ~tx Ftx 1 T
that E,[nf] = 1B, [T}, — 775, _1)%] = x0jf; — bY), and
E [miﬁx;ﬁ J = pt‘ ", then it follows that the receiver con-

ditional variance is given by:

pih=(a— '7takt)2ﬁf\t ot
(79— piz) + TPl ) +
+2a%yki (1 — viky) (ﬁ:ﬁ,l — (P — piﬁ))

The optimal gain k; which minimizes the right had side is
found by taking the derivative w.r.t. k;

k‘2 ore

t pt\t 1 (25)

aﬁrz
at;tw — —2%(12(17%@)@"&_#

2.2 (are (70 toy, PP
+2a Vi ky (pt|t—1 (pt - pt\f,)+ A ) +
+2a%ye(1 = 2ke) (P 1 — (BY — Piy))
which, equated to zero has the unique solution
A
A+17
Inserting k; back into (25) we obtain:

ke = (26)

A

pt‘t)1+A

~rx _ 2~
Pii1e = @ Ppjp—1 + on — 1a* (P}

Taking now expectation w.r.t the loss sequence -, it follows

that the expected error covariance ptrj”rllt = E{(:?trj”rllt)ﬂ is
given by
P = apii o —(1—€)a®(p] —pif,) 27)

1+A

where p} := E[p?].

It is interesting to observe that the gain k; in (26) is time
invariant and does not depend on the packet loss probability.
In fact k; is also the Kalman optimal gain for ¢ = 0. Finally,
recall that pY is the prediction error covariance with no packet
loss, which is given by Eqn. (16) by setting € = 0; then

2 2_A
Ow T O 5P _ cp
fmpt=pe == =0

1+A

Note also that the limiting value p'Z of p" tI , is given in equation
(7). Thus it follows that the steady state prediction error
covariance is given by:

P =l
_ O'i a2(176) 0’2 28
1—a2 ~ 1—a2+A \1— a2 pOO ( )
= (1—¢)p?F(0) +ep®

which, remarkably, is a simple linear function of the packet
loss probability e.

C. Performance comparison

We now want to compare the performance of the two strate-
gies in terms of the steady state prediction error covariance,
which are given by Eqn. (23) for the state forwarding and
by Eqn. (28) for the innovation forwarding, as a function of
the systems parameters a, A, €,02,02. In particular, we are
interested in finding the set ® := {(a, A, ¢) |p®F () < pF},
i.e. the set of parameters where the SF strategy has a better
performance than the IF strategy.

Theorem 2: Consider the set ® := {(a,A,¢€)|p°F(e) <

TF(e)}. Then for A > 0, 0 < |a| < 1, and € < 1 we have:

O :={(a,A,e)|e > eca,A)}

where 0 < €. < 1 which is the smallest solution of a quadratic
equation of the form

62 + ,81(0'1;, A7 a)€ + /62(0Ua A7 a) =0
and is monotonically decreasing in A and |a|, and

1 (A, li (A,a) =0
aiE el a) = iy el

The critical probability €. takes the form

~ (1-a?)(A+2) 4a?A
%m””—zﬁAQh+m+2yu(z

%—9 (29)

Proof: See Appendix A. [ ]
The previous theorem implies that the IF strategy performs
better then the SF strategy only for small packet loss prob-
abilities, and more specifically for ¢ < e.. Remarkably, the
critical probability is independent of the noise process and
measurement variances (72 O’ . Moreover, the critical proba-
bility decreases to zero as the system dynamics becomes less

stable, i.e. |a| increases, and as the quantization becomes finer,



i.e. A increases. In particular, the previous theorem shows that
it is always better to use the SF strategy, independently of the
systems parameters, if the packet loss probability is greater
than one half, i.e. under a high packet loss probability regime.

—A=0.01
09l A= H
08 --A=10
o7k —A=100 ||
€ osr B
C

0 0.1 0.2 03 0.4 0.5 0.6 0.7 0.8 0.9 1

lal

Fig. 4. Critical probability €. as a function of |a| for different values of the
SQNR A.

Figure 4 pictures the critical probability €. as a function of
|a| for different values of the SQNR A, which shows that such
probability is almost equal to ALH up to |a| =~ 0.8 and then
rapidly decays to zero.

V. SOFT INNOVATION FORWARDING WITH NO CHANNEL
FEEDBACK

In this section, we propose an alternative strategy under the
no channel feedback scenario, that includes the IF strategy and
the SF strategy as special cases. More precisely, we propose a
hybrid strategy, where the transmitter sends a convex combi-
nation of its best estimate of the state Eﬁﬁ = Elz, | T,V¢F] and
the innovation between its best estimate and the best estimate
of the state given the past quantized transmitted signals, i.e.
AZy =T, — T,y where Tyj; | = Elz |s{_y,....sf] . We

call this scheme the soft innovation forwarding (SIF) scheme.
In this case, the transmitted signal is thus given by
st = Va?ift +(1—-v)AzZ = filxt —(1- I/)fi‘xt_l (30)
where 0 < v < 1 is fixed at the transmitter. This scheme is
graphically illustrated in Fig. 3.

A. Transmitter filter design: g(T,NT")

In this section, we explicitly compute the transmitter filter
function g(7,V¢¥") based on the SIF strategy. Basically, it re-
duces to the problem of computing the equation for the internal
estimator fiﬁ—r Since the dynamical systems is linear with
additive gaussian noise, then the optimal MMSE estimator is
linear in the quantized transmitted signals s{ and it is given by
the Kalman Filter. However, the equations are somewhat non-
standard since the variance of the quantization noise n; is not
constant but depends on the variance of the transmitted signal.
We start by deﬁmng the mternal estimator error covariance
as Py, = E[(xt|h) ], where xt|h =x — xtlh. Based on this
definition, we can compute the power of the transmitted signal

s; as follows:
E[s;] = E[waff +(1
+(1- 1/) E[AZ

= V2 (b —pif) + (1= )2 By —pf) +

+2v(1 — I/)E[(fiﬁ_l + AZ)AZY]

v)AT)?] = (VE[(@})%] +
7]+ 2v(1 — v)E[Z} AZ])

= 2 (008 =Bl ) + (1= )2 (B — D) +
+2v(1 = v) (B — Pijy)
= V% = Pjt—1) + Dee—1 — pi\zt)
Here we used the fact that —fﬁﬁ_l = (z;—Z t|t)+Axt where
(zy — ﬁzfﬁ) and AZ; are uncorrelated and that x; is assumed

to be in its steady state distribution. The equations of the filter
are given by:

fﬁ-lhﬁ = ‘ﬁiﬁ |+ R (s §?|t—1)
§§\t_1 = [ St |5t713"'a58] :Vfi\mt—l
ki* = cov(xy,s] — /sgltil)Var_l{sg = 5hi 1}
_ a(Dyjr—1 —Piﬁ)
Ptjt—1 — piﬁ +E[nf]
where
1 oL = -
E[nt] XE[St] A[V2(p - pt\t—l) + (ptlt—l _piﬁ)}

For large ¢ such filter will reach a steady state and, therefore,
it is possible to consider its steady state implementation which
will reach the same steady state performance. The steady state
filter is given by:

Tﬁut = (a— VE)Ei\ztf1 + ks{
T a(p — p%) -
Fo= _ —, 5>0 (D)
(1+ )@~ p2) + 5 (0°F —p)
2(= _ tx)\2
P o= apel- P PEE )
(1+3)(p - p) + % (098 — D)

where the last equation is a Riccati-like equation which has a
unique stabilizing positive solution p.

B. Receiver filter design: h(R;)

In this section we explicitly compute the optimal state
estimator at the receiver, i.e. foll . = E[zy11 | R¢]. We assume
that the transmitter filter architecture, and in particular the value
of v, is known at the receiver, therefore it is possible to write
the received message z; := ysf = %(Eift - (l—l/)fiﬁ_l +ny)
as the output of the following dynamical system:

Tiy1 a 0 0 Ty
i‘\iilhﬂrl ak a(1—k) 0 || T |+
mt+1|t 0 k a—k | fﬁﬁ 1
§e41 A &t
Wy
+ | k(we + ver1) (33)
kny
e
Tt
zp = [ 0 1 (1-v) ] /x\ilrt +yeng (34)

tx
& Tjt—1



where % is the steady state Kalman filtering gain for the
transmitter state estimator x | defined in Eqn. (8).

As a consequence the estimator 77, E[zit1 | Ri]
corresponds of the first component of the optimal estimator
1)t = E[&t41 | R¢] which turns out to be the optimal Kalman
filter with intermittent observations studied in [12]. Such a filter
is time-varying since the Kalman gain depends on the packet
loss sequence, however, as discussed in Section IV-A, it can be
replaced with a constant gain filter with limited performance
degradation [24]. The (suboptimal) receiver filter design is then
given by:

Et+1|t: (A_’VtKC)Eﬂtfl + e K % (35)
T = hRe)=[1 0 0]&, (36)
N————

H
K = (APCT+S)(CPCT+R)™* (37)
P =APAT4-Q-(1-¢)K(CPCT+R)KT = ¥(P) (38)

. 1 _
R = lim E[nf] = (0" =) + (- p0)]
o2 7503} 0
Q = Jim Elpf] = ko R(h+02) 0
/ 0 0 PR
0
S = lim E[pn = 0
t—o00 ]{,‘R

The steady state Kalman gain K can therefore be obtained by
finding the unique positive definite solution P > 0 that solves
the modified algebraic Riccati equation (38) and the steady
state prediction error has the following upper bound:

lim sup E[(z; — f;ﬁfl)ﬂ <p’F = HPHT

t—o0

(39)

C. Optimal soft innovation forward strategy

The transmitter and receiver filter design proposed in the
previous two sections still leave a certain degree of freedom
for optimizing the performance p°¥ = py;(e) = p*1F (v, ¢),
where p11(€) is the (1, 1)-th element of the receiver estimation
error covariance matrix P, and where we explicitly indicate
its dependence on the parameters v,e. If the packet loss
probability e is known, then one might optimize for the mixing
coefficient v.

More specifically we define:

v*(e) = arg min p°'F(v,€) (40)
velo,1]
P75 () A ANY (41)
where p@57F (€) is the optimal soft innovation forward (OSIF)

strategy for a given packet loss probability e. It is seen via
numerical computations that p°’¥ (1, ¢) has a unique minimum
in the interval v € (0, 1), It is also seen that this optimal value
of v, v*(e) computed by an exhaustive search, appears to be a
monotonically increasing function of €, which implies that as
the packet loss probability increases, it is better to place more
weight on the state and less on the innovation. Moreover, it is
seen that the SF strategy is the optimal strategy when the packet
loss probability is very close to 1. Analytically proving these
results appears to be difficult in the general noisy measurement

case. However, we are able to prove some meaningful results in
the noise-free case when 0'3 = 0, that is the sensor has access
to full-state observation. In this case, the system description
presented in (34) reduces to a 2nd-order system (since in this
case Eiﬁ = x). The corresponding descriptions for all the
relevant parameters can be found in [19], or also by substituting
02 = 0,p'® = 0 in the appropriate equations. With a slight
abuse of notation, we use the same notations for this special
case to maintain readability. In this special case, we can prove
the following two theorems in this noise-free situation at the
sensor. The first of these theorems states that for a fixed e there
is v € (0,1) that performs better than the SF strategy (v = 1)
and the IF strategy (v = 0).
Theorem 3: Under the assumption o2 = 0, for any arbitrary
€ (0,1), then p*'F (v ¢) is a decreasing function of v at
v = 0 and an increasing function of v at v = 1. This implies
that p°7¥ (v, €) has at least one minimum at some 0 < v* < 1.
Proof: See Appendix B. [ ]
Remark 2: 1t is possible to check numerically via suitable
examples that pS7¥ (1, ¢) may not be a convex function of v
for a fixed e. Therefore we do not, at this stage, attempt to
prove that p°/¥ (v, €) has a unique minimum with respect to
€ (0,1). Instead, the above theorem simply states that there
is at least one minimum for p°7¥ (v, ¢) at some 0 < v* < 1.
This is not to say that the minimum is not unique (in fact the
extensive numerical results indeed suggest uniqueness), but a
proof of uniqueness has proved to be elusive so far.
The second theorem states that as the packet loss probability
approaches one, then the optimal v* approaches one as well,
i.e. the SF strategy becomes optimal for large packet loss
probabilities, as stated in the following theorem:
Theorem 4: Under the assumption o2 = 0, the optimal
mixing parameter v*(¢) has the following properties:
v (0) =0,

lim v*(e) =1
e—1—

Proof: See Appendix C. [ ]
VI. NUMERICAL RESULTS

We first illustrate the accuracy of our additive white noise
model for the quantization noise. We use a uniform quantizer
to quantize s; given by (30) with a suitable number of
quantization levels and saturation thresholds so as to guarantee
a SNR equal to A. The quantization step A is chosen so

. - . . . A2
that the equivalent additive noise variance is 02 = where

T
ol = %{”} These latter two expressions combined yield

Ag =1/ % By setting the saturation thresholds +7¢

according to T = 44/Var{s;}, the number of quantization
8\/Var{st}—‘ - "4 A—‘
\/m - 30

bits/sample.

which corresponds to N, = Llogg ([4\/7 D
We consider now N, = 3 which corresponds to A = 12. We

use a = 0.95 and the set the packet loss probability equal to
€ = 0.3. The sample estimation error variance (at the receiver
using the soft innovation strategy) and the theoretical variance
using the additive white Gaussian noise (AWGN) model are
depicted in Figure 5. It can be seen easily that the AWGN

levels is given by N = PAT;?—‘ =



—Theoretical Variance (equivalent AWGN model)
0.45- Sample Variance (uniform quantizer, 3 bits/sample)|

Fig. 5. Sample estimation error variance with uniform quantizer vs. theoretical
error variance with AWGN model (3 bits/sample)

model provides a highly accurate approximation, in fact a very
good one for N, > 2.

For the rest of the numerical results we use the parameter
values a = 0.95, A = 3 (2 bits per sample), 02, = 0.1,02 =
0.05. Figure 6 depicts the estimation error performance (nor-
malized by the maximum value p®% at ¢ = 1) of the
filters derived so far and the critical probability €. defined in
Eqn. (29). As expected, the performance degrades as the packet
loss probability increases for all estimators, but the estimator
with channel feedback outperforms all estimators with no
channel feedback. The figure also shows that by optimizing
v, the OSIF performs considerably better than the SF and IF
strategies, which are just two special cases in the class of the
SIF strategies.

" (¢) (Ean. (28)) /

(
S (e) (Ean. (23)) /
°F(e) (Ean. (16)) -

() (Ean. (41))

P
P
-P

P

[ IS (Eqn. (29))
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Fig. 6. Prediction error covariance of proposed strategies against packet loss
probability € for a = 0.95, A = 3,02, = 0.1, 62 = 0.05.

In Figure 7 below, we plot the optimal mixing coefficient
v = v* which has been obtained numerically via an exhaustive
search. The curve appears to be monotonically increasing from
zero to unity, thus confirming that as the packet loss increases,
the optimal soft innovation forwarding strategy transits from
the IF to the SF strategy.

VII. DISCUSSIONS AND FUTURE WORK

In this section we briefly indicate the limitations of the
current work and how these results can be generalized in
various directions.

Unstable Systems: Suppose one considers an unstable sys-
tem. Then it is not possible to consider an uncontrolled

o o oopaAlVe o o o
n w S (%] {2} ~ © ©o

o

0.4 0.6 0.8 1
packet loss probability

Fig. 7. Optimal mixing coefficient * as a function of the packet loss prob-
ability e for the OSIF strategy for a = 0.95, A = 3,02 = 0.1,02 = 0.05.

unstable system at the transmitter since regardless of the
coder/decoder scheme employed, the power of the signal to
be transmitted will grow unbounded. If we were to consider
a controlled unstable system, where the control action is
determined by the receiver, then the very same model of the
system will be different from the one used in this manuscript
and it is not obvious how the results obtained here can be
extended. Recently some of the authors of this paper have
looked at the case of controlled unstable systems when no pre-
processing is done at the sensor [10], [11]. These two works
are complementary and future work will focus on combining
these ideas with the current work.

Higher-order and MIMO systems: As for the case of multi-
variable systems, the problem is even harder. Suppose in fact
that in the scenario with channel feedback we still want to
use the same idea of sending the innovation. Even if the
dynamical system has a vector state but a scalar output, as soon
as two consecutive packets are lost followed by a successful
transmission, the innovation that the transmitter has to send is
two-dimensional, i.e. two real valued numbers are required to
be transmitted across the same scalar channel for the receiver to
recover the current estimate when the packet is received. This
gives rise to the problem of properly modeling the quantization
error when the same number of bits per second are to be sent
across the channel, yet two real numbers are to be encoded.
Another alternative is to use lattice vector quantization with
the same additive white noise quantization model, as used
in [22]. This will require the use of a vector channel, and
perhaps the use of a vector parameter v for the soft innovation
forwarding with no channel feedback case. Needless to say,
the corresponding analysis for the no feedback case will be
considerably more difficult if not intractable.

Imperfect feedback channels: In this paper we study the
cases of perfect packet acknowledgement feedback or no
feedback. A more practical scenario in between these two
extreme cases is where the transmitter receives packet ac-
knowledgement but over an imperfect channel, such that the
ACK/NACK packets can be also lost with a certain probability.
Note that this particular issue has been investigated in a slightly
different problem setting in [25]. In this paper, the problem of



whether to send a state estimate or the innovation is formulated
as a Markov decision problem (MDP) where a long term
average estimation error (at the receiver) is minimized. In the
case of imperfect ACK/NACK, the problem becomes a par-
tially observed Markov decision problem (POMDP) problem
which can be solved using information state techniques that
convert the problem to a fully observed MDP problem. This is
computationally expensive but suboptimal solutions based on
an estimate of the receiver estimation error covariance at the
transmitter can be designed in the case of imperfect channel
feedback.

Delays: In this work we considered a scenario with a
channel delay smaller or equal to the time step. If the delay
is larger than unity, the strategies suggested in this work with
no channel feedback are still valid since the only difference
is that the estimator has to provide the open loop d-time

step ahead prediction to reconstruct Zyj_; := E[z|Rs] =

E, [z 2i—q] = ad@f dlt—d- However, the results presented
in the channel feedback scenario cannot be directly extended
since the transmitter requires to know the packet loss sequence
with a delay smaller or equal to unity in order to make a perfect
copy of the receiver estimator. Therefore alternative strategies
are not obvious for d > 1.

VIII. CONCLUSIONS

In this work we studied the problem of remotely estimating
the state of a dynamical stable system based on noisy measure-
ments over a communication channel subject to packet loss and
quantization. We showed that with perfect channel feedback it
is possible to derive the optimal linear transmitter and receiver
filters to minimize the estimation error variance using a strategy
that it is reminiscent of DPCM. We also studied the scenario
with no channel feedback and we proposed a few heuristic
strategies for which we were able to characterize performance
and trade-offs.
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APPENDIX
A. Proof of Theorem 2

Without loss of generality we can set 02, = 1, since it simply
scales the error covariance and therefore it does not affect the
set ®. Let us define Ap(a,A,e) = p°F(e) — p'F(€), where
we also make explicit the dependence of the performance
in terms of the parameters. It is straightforward to observe
that Ap(a,A,1) = 0 and Ap(a,A,0) > 0. Therefore, if we
can show that there exists a unique ¢, € (0,1) such that
Ap(a, A, e.) = 0, then this implies that p>¥ (e) < p/¥(¢) for
€ > €.. We now show that this is the case. If Ap(a, A,e.) =0,
then p°F (¢)(e.) = p'F(e.) = p*. The points p that satisfy this
equality must also satisfy Eqn. (23) and Eqn. (28), therefore,
if we take the difference and recalling that a # 0 and € # 1

we have: ) )
(p* —p&) _ A(l_a)(OL
(p* —pi2) + (O —plz)  1—a?+A
From Eqn. (28) it follows that

o e _ (@A OL _ tx
[ ( T ) (P = pt2)

If we substitute this equation into the previous expression and

after some manipulations, which are valid for a # 0 and A # 0,
we get:

—p%)

a’Ae® + (1 —a®)(A+2)e—(1—-a*) =0

from which it follows that the only positive feasible solution
for €. is given by Eqn. (29).

We can now study the dependence of ¢. in terms of the
parameters A and a. By rearranging the different terms, we
have

(e +1—a%)e+ %(1 —a*)(2¢e—-1)=0



from which it follows via root-locus analysis that for fixed a,
€.(A, a) is a monotonically decreasing function of A where

. 1
Jm ec(Aa) =5, lim e(A a)=0
Similarly, by defining n = a2 2 which is a strictly monoton-
ically increasing function of a® where 7 € (0,+00), and by
rearranging terms we get:
1
A+ = ((A+2)e—1)=0
n
from which it follows via root-locus analysis that, for fixed A,
€(A, a) is a monotonically decreasing function of a? where

lim e.(A a)=

la]—0+

lim €. (A,a)=0

la]—1—

1
2+ A’
From this analysis, it follows that

1
e.(A,a) < 3 Vl|a| € (0,1),A € (0,+00)

which concludes the proof.
B. Proof of Theorem 3

In the noise-free case, where the state is fully observed at
the sensor, we have a two-dimensional state vector as discussed
before. In this case, the expression for the covariance matrix
P can be computed from three paired nonlinear equations as

pi2(e) }

shown below (42). Let us denote P = p1i(e)
o p12(€)  p2a(e)
where we have explicitly indicated that P is symmetric and

its elements depend on e. Although we will be primarily
interested in the behaviour of pi(e) = p*F with respect
to v, the properties of pia(€), paa(e) will also be useful. In
the case when € = 0 (i.e, there is no packet loss), it is easy to
check that pq1(0) satisfies the same equation as the steady-state
transmitter Kalman predictor error covariance given by p, and
is clearly minimum when v = 0. Also, p12(0) = pa2(0) = 0.

It can be shown after some algebraic manipulation that the
elements of P satisfy the following equations:

pu(e) = 1i122 - 1ia2 ]\(41;(2)) (pu(é)—(l—l/)p12(€))2
P = (-
a(l —e¢) Lo (v)
m (p11(€) — (1 — v)p12(€)) M (v)
72 J— —
Pl = — (’;_k)gmew 12_’“8:’;))21912(@
[ (-9 AW
1—(a—k)2 1—(a—Fk)2Mx(v) (42
where
Moo(v) = pii(e) — 2p1a(€)(1 — v) + paz(e)(1 — v)* + R,
Loo(v) = kpii(e) + (a — k(2 - V)) p1a(e) —

—(a—k)(1 —v)paa(e) + kR

Recall that pi1(¢) = p'F(v,¢). Hence we will use pi; ()
to indicate p°T¥ (v, €) in the following proof. The proof is

11

divided into two parts: (i) showing that 22 “(6)‘ .

i) 2l <,

(6] For 51mphclty, we will drop the dependence on the
argument € in this part, and make the observation that all values
of p11,p12 etc. are evaluated at v = 1 in the expression of the

> (0 and

9p1i(e) 7%
partial derivative =5~ . Recall also that pOL = = 1%,

=1

Using the equation for p;; from (42), and taking partial
derivatives, we have (after some algebra):

Ip11(e) a*(1—e)pui g Pu
v s (1-a2)(p11+25) (p11+235)
2a° pup?* p
= (1—e) 7 |Pn(l——55) P12
R v

It is easy to check that the expression in the square brackets
on the left had side of the previous equation is positive. All
that remains to show therefore is that p1o < p11(1 — %)
To this end, note that from the equation for pis from (42),
it follows that (recall that all values are evaluated at v = 1),
P12 < #pu It can be shown that for all 0 < v < 1
(see Proof of Theorem 4 below)

ak a?P., _

— = —= =(1- Px),
l—a(a—k) Po+J)(1—a?) ( )
where P, = 6. Hence it follows that p12 < p11(1— Py) =

p11(l — pOL) This implies that 6’)“(6)‘ _ >0
(i) The proof of this part relies on using a state trans-
a
formation technique. Denote a new state vector ii*l =
) t+1
T [ 2?’1 ] where T' = [ 1 0 . It can be easily
t+1)t 1 —(1-v)

checked that z§ = z; and zfi = s¢. Using this transformation,
we can write a new state space system as

Te41| 51 |2 Wy S _»Tt
|:St+1:| =4 LJ +T L‘?"J , 2e=7C1 s,

where

} +yng  (43)

a 0

- 0 [a -
Ay =TAT |:Vk (a —k)

} C,=0T"'=1[01].
It is straightforward to show that for this transformed state
space system, one can derive a similar suboptimal constant
gain Kalman filter which has a steady state stabilizing solution
P(¢) whose elements p;;(e), i = 1,2, j = 1,2 satisfy the
following equations:

o on d¥(l—) Phy(e)

PO=T"03 " T-@ p()+R

R T T e

ra(0)= s [ (0~ U )

P2a(€)= 1—(a1—k‘)2 {1/2%2}311( ) 4 2vk(a — k)p1a(e) + o

27,2 5o (V)

+(1-v)k"R - (1—6)p22( )—i—R] (44)

where V(v) = vkpia(e) + (a — k)paa(e) — (1 — v)kR for

notational simplicity.



First, it is useful to observe a few facts regarding the steady
state stabilizing solution P and its relationship with P. One
can easily verify that p11(e) = p11(€), p12(€) = p11(e) — (1 —
v)pi2(€) and Paa(€) = p11(€) —2(1—v)p12(e) +(1—v)?paa(e).
Also, when v = 0, the state space description (43) implies that
the receiver only receives the transmitter innovation sequence
in the presence of white Gaussian noise n; when a packet is
received. However, since the transmitter innovation sequence
is also a zero mean i.i.d. Gaussian sequence, whether a packet
is received or not, the minimum mean square estimate of the
state s; is simply its mean, which is zero. Therefore, the corre-
sponding estimation error pa2(€),_o = Poo(0), where pso(0)
is the variance of the transmitter innovation sequence when
V= 0,2which can be obtained from (32) by substituting v = 0,

. Indeed, this can be also verified by solving the
~ATT
correspgnding quadratic equation for pos(€) after substituting

v = 0. Similarly, it can be checked that p12(€)|,_y = Poo(0)
as well.

In what follows, we will be dropping the dependence on
e of the relevant quantities to keep things simple. Also, all
values of the relevant quantities are computed at v = 0 unless
otherwise specifically indicated. Using the equations in (44),
one can show the following facts:

as

Op11 a*(1—e) 1 1,0p12  Opa2
) (14 ~) P2
o |y e el G e )|

One can also easily show the following rather simple but useful
result which states that a”” = 0 regardless of the value of

v=0

€. Therefore, we only need tlo show that %‘ro > 0 Ve > 0.
Note that at € = 0, we have $11(0) = p11(0) = pso(0) and
therefore 85“ oo = = 0 and hence % = 0 also at € = 0.
Using the above - facts from (44), one can evaluate (after some

algebra) that for € > 0,

a?(1—e)A op %€ pos (0
1+ (1-¢ P12 _ aep 1( ) (45)
(1 A+1)(A + 1) v [v=0 1+ A
which is clearly positive for € > 0. Hence we have 6{1;1/1 L, <
0 for € > 0. Therefore p11(e) = pi1(e) = p*IF(v,e) is a

decreasing function of v at v = 0 for € > 0.
C. Proof of Theorem 4

The proof of the first part of the theorem that v*(0) = 0
is obvious. In order to prove the second part, we first obtain
an O(0) approximation of py1(1 — ), where § =1 —¢e = 0
and then show that this approximation is minimized at v* =
1. Using the expression for p;;(€) from (42), one can (after
some elementary analysis) show that an O(d) approximation
for p11(1 — J) can be obtained as

o2 a? 2
pi(l—96) = 2 °T=a (p11(1) = (1=v)p12(1))” x
1

46
()= (46)

One can easily obtain the values of pi1(€), p12(€) and paa(e)
02
0 as p1i(l) = 225 = p9L, po(1) =

2p12(1)(1=v)+pa2(1)(1-v)*+R

ate = lord =

k 2E2a(a—E)
—(a—k)?(1—a2+ak)
where J(v) = Ly = 1 (v* + (1 —v*) 5r).

Substituting these expressions into (46), one can then show
that the task of minimizing the O(d) approximation of py(e)
is equ1valent to maximizing a function U(v) of v given by

0(v) = F(( ))’ where F(v )—17% and
T SR o
G =1 (1—(12—&-CLE)<1 )+ —(a—Fk)? (s
(1 —v)?2k"a(a — k) I(v)

(I-(@a-%?) (1-a+ak)
Numerical examples seem to indicate that U (v) is an increasing
function of v for 0 < v < 1. However, it seems to be rather
tedious to prove this. We use a different technique by bounding
U(v) from above and showing that this upper bound is an
increasing function for 0 < v < 1, and finally show that the
upper bound is tight at v = 1. Note the expressions for F'(v)
and G(v) and that U(v) = 1;2((:)). By completing a square in
G(v), it can be easily shown that U(v) <

-
(1—(a—k)?) (1—a(a—k))

Denoting P = -5 and noting that p < p©* = 1= % 43y for
0<v<lforall 0<e< 1, we have Py, < 1. After a little
algebra, 1t can be also shown that P, satisfies Ps, +J()(1 —

1
O where
F2Z(v)

(1—V)2E2
+1—(a—k)2> J(v)

R(y)= 178

2 A 1
a®) = (1 = Finally, using k& = Py One can derive
that
% 2p )
® _-_ ¢ ~ = (1-Py).
l—ala—k) P+ J)(1-a?)

Substituting the above equality in the expression for R(v),
one can immediately derive that 22 > LW apq

_ F2(v) F2(v)
Uv) < ﬁ We will now show that this upper bound
720

is an increasing function of v by showing that FJQ(E’Z is a
decreasing function of v. Here we will omit the details, but will
provide the key ingredients. We will need to use the fact that
e 2P0+ 20—+ (1-a) (B -+ 1)] =
2/\—”(1 — a?)(1 — P)2. Using this one can show that ;2(8)
is a decreasing function of v by dividing the range of P
into two intervals: 0 < P, <

proving the derivative of Fz(é’ ))

separately for both intervals.
. . _ 1 _ 1
The next step is to verify that S(1) = T = T =S that
is the bound is tight for v = 1. Therefore we have U(v) <

—L- = U(1) for 0 < v < 1. This implies that an

1+u
with respect to v is negative

1
rRCRE T
O(1 — €) approximation of py1(€) = p v, €) is minimized
at v* = 1 when ¢ — 1 from below. Since p'F'(v,¢) is a
continuous function of €, we can say that for e sufficiently
close to but less than 1, p*/F (v, €) is minimized at v* = 1.

Hence the proof of Theorem 4 follows.
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