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ABSTRACT

In many emerging applications, data streams are monitare i
network environment. Due to limited communication bandtvid
and other resource constraints, a critical and practicalagel is
to online compress data streams continuously with qualigrg
antee. Although many data compression and digital signal pr
cessing methods have been developed to reduce data vohaire, t
super-linear time and more-than-constant space complexé-
vents them from being applied directly on data streams,igart
ularly over resource-constrained sensor networks. Inphjzer,
we tackle the problem of online quality guaranteed comjwassf
data streams using fast linear approximation (i.e., usimg seg-
ments to approximate a time series). Technically, we addres
versions of the problem which explore quality guaranteedifin
ferent forms. We develop online algorithms with linear tiown-
plexity and constant cost in space. Our algorithms are @btim
the sense they generate the minimum number of segmentgpthat a
proximate a time series with the required quality guarantée
meet the resource constraints in sensor networks, we alsboge
a fast algorithm which creates connecting segments with siem-

ple computation. The low cost nature of our methods leads to a

unique edge on the applications of massive and fast strgaamin
vironment, low bandwidth networks, and heavily constrdinedes
in computational power. We implement and evaluate our ntstho
in the application of an acoustic wireless sensor network.

Categories and Subject Descriptors

C.3 [Computer Systems Organization]: Special-Purpose and Ap
plication-Based Systems; G.1.Mpthematics of Computing-
Numerical Analysis]: ApproximationLinear approximation

General Terms
Algorithms, Design, Performance
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1. INTRODUCTION

In many emerging applications, massive data streams are mon
itored in a network environment. For example, large senstr n
works are extensively used in wildlife monitoring, roadfiamon-
itoring, and environment surveillance. Each sensor géeeedata
stream where new data entries (i.e., new readings) keefinarin
a continuous manner. In order to aggregate and analyze thsvea
streaming data under monitoring, it is often required tograit the
data streams in the network. Due to often limited commuidoat
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bandwidth and other resource constraints, online comipigesisita
streams continuously with quality guarantee rises as aaatuit-
ical and practical demand in those applications.

ExamMpPLE 1 (MOTIVATION). We, the authors of this paper,
are building an acoustic monitoring system using wirelessesr
networks. Sensor nodes are deployed in a target area, wle e
node contains an acoustic sensor which samples soundssprel
tinuously. The sensor nodes are connected by a wireles®retw

The acoustic monitoring system has many applications. An ap
pealing scenario is towards “smart conference hall.” Bylyaiag
the data collected from an acoustic monitoring system gejpldn
a large conference place, we can identify and locate speaeer
well as some of their activities. The information can be uted
adjust the equipment such as the light system, the micrapbyps
tem, the video monitoring system, and the air conditioniysgem.
Another potential application is bird surveillance in wikks. By
analyzing the bird sound collected using such a sensor neton
nithologists can study the distribution of birds and thehavior
patterns.

Wireless sensor nodes which integrate sensors, processns
ory and wireless transceivers often are small and have atly v
limited computational power and communication bandwidor
instance, the Chipcon radio chip in the broadly-used MICAfR2en
[15] has the maximum transmission powerGfmA and the max-
imum bandwidth o888 kbps.

In our acoustic monitoring system, we use MICA2 motes. One
technical challenge is that, although a sensor can sanpkecthus-
tic signals frequently, the acoustic data stream cannogibieasit in
time due to the low bandwidth radio channel. Specificallyrider
to make the data analysis useful, we need to sample humae voic
with the normal sampling rate &f kHZ and 16 bits per sample.
This sampling mode requires the bandwidth 28 kbps for 1 chan-
nel (mono) voice, which greatly exceeds the maximum banthwid
of 38 kbps that an MICA2 mote can support.In addition, we can-
not temporarily store a large number of samples since theanem
size of MICA2 motes is only312 kb. The only technical solution
to the bottleneck is to online compress data streams cantsty
and send out the compressed streams instead of the origeeais
through the network. Sending compressed streams can aligoere
the power consumption of sensors on communication, andetkwus
tend lifetime of sensors. In large environmental survedasensor
networks, recharging or replacing batteries of sensor siseften
very difficult or even impossible after the sensors are deguio =

Many data compression and digital signal processing msthod
have been developed to reduce data volume, such as Foarisr tr
form [17], discrete cosine transforimn [14], Waveléts [2hgar pre-
dictive coding (LPC)I[[1], etc. However, those methods carreo
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applied to data stream compression in sensor networks dilne to
high cost of those methods in time and space. Moreover, senso
nodes like MICA2 motes only have very limited computational
power. For example, only simple arithmetic operations ame s
ported by TinyOS[[B], the operating system for MICA2 motes$. A
though it is possible to implement a mathematical moduleate ¢
culate essential functions like sinusoid and exponentiattions

or use dedicated DSP chips for audio processing and connmess
such complex modules are highly undesirable due to thedamit
memory size and computational capacity of MICA2 motes a$ wel
as the extra energy cost of dedicated DSP chips.

In this paper, we tackle the problem of online compression of
data streams in the application context of sensor netwdtstic-
ularly, we aim at the fast linear approximation methods,(using
line segments to approximate a time series) with qualityantee.

We make the following contributions.

First, we model the piecewise linear approximation prohbeop-

erly for data streams. Different from the conventional aiilbns

o

Figure 1. Piecewiselinear approximation.

n) be the value of the-th point of X. A (line) segments a tuple
s = ((i, ), (j, y;)) wherei < j and (i, y:) and (j, ;) are two
endpoints.[i, j] is called therangeof s.

Given a time series(, PLA uses a set of line segments as the
approximation of the time series. Figlie 1 elaborates tnegé
idea, where three line segment$A’, BB’, andCC’, are used

where the whole time series to be compressed and the requiredto approximate a time series. A line segment ((4,y:), (,y;))

compression rate can be specified, a data stream is poleniial
limited, and the distribution is often unpredictable. Wegmse the
error-bounded piecewise linear approximation problematkie
those challenges. Second, we present fast online solwtibiméin-
ear time complexity and constant cost in space. Our algostare
optimal in the number of segments used to approximate ar{pote
tially unlimited) time series. In other words, our algorith create
the minimum number of line segmerggen without knowing the
future incoming data To the best of our knowledge, we are the
first to successfully devise algorithms with such stronggotees.
Third, to address the computational challenges in senstes)ave
develop another online approximation algorithm that igipalarly
tailored for tiny sensor devices by requiring only very sienpom-
putation. The low cost nature of our methods leads to a unique
edge on the applications of massive and fast streamingaenvir
ment, low bandwidth networks, and heavily constrained adde
computational power (e.g., tiny sensor nodes). Last, wéement
and evaluate our methods in the application of an acoustie-wi
less sensor network. Our empirical evaluation clearly shtvat
our methods are highly feasible for resource-constrainieless
sensor networks.

The rest of the paper is organized as follows. In Sedfion 2, we
formulate and analyze the problem, and review the relatedt.wo
Two online algorithms are developed in Secfign 3, and theii- o
mality is studied in Sectiofl4. In Sectibh 5, we design annanli
approximation algorithm which is more economic in compotat
for tiny sensors. We report our implementation and evabuatif
the proposed methods in an acoustic wireless sensor nefwork
Sectior 6. The paper is concluded in Secfibn 7.

2. PROBLEM DEFINITION AND RELATED
WORK

In this section, we propose the error-bounded piecewigsalin
approximation problem for data streams. We also reviewdlzad
work.

2.1 Problem Formulation
Piecewise linear approximation (PLA) is an effective meithm

approximates thé-th point(i < k < j) of the time series by value
- k—1
Tk = Yi + E(ZM - i)

The compression comes from that the number of line segmsats u
for approximation can be much smaller than the number oftpoin
in the time series. In the figure, the time series tapoints. three
segments are used to approximate the time series, and egch se
ments hag endpoints. Thus, the 3 line segments only népdints

to represent. A compression ratio ®fs achieved. Generally, the
endpoints in the segments are not necessarily positionsdna¢
points in the time series (e.g3, B’, andC" in the figure).

Formally, a set of segment§ = {s1,...,s.} IS a piecewise
linear approximation ofX if (1) s1, ..., s, are segments; and (2)
for each index (1 < i < n), ¢ is either in the range of exactly
one segment inX, or there exist two segmentss’ € X such
thats ands’ share the same endpoint at indexClearly, using the
segments, for every index X can give a valug; to approximate
Ti.

PLA for static time series has been well studied (e.d.. [*B,6,
12]). Most of the previous studies address an optimizatioblem
as follows.

PROBLEM1 (CONVENTIONAL PLA PROBLEM). Givenatime
seriesX of n points and a numbet: < n, find a set ofn segments
as a piecewise linear approximation &f such that the approxima-
tion error is minimized. [

Unfortunately, solutions to the conventional PLA problere a
not applicable to data streams. A data stream is potentialiyn-
ited. Itis impossible to know in advance the number of padimtee
stream or to specify the number of segments to be used foorppr
imation. To tackle the stream compression problem, in thfzep
we turn to theerror-bounded PLA problem

PROBLEM2 (ERROR-BOUNDEDPLA PROBLEM). Given an
error measurement functioerr() such thaterr (X, X) gives the
error that a PLAX approximatesX. Lete be a user-specified error
bound. X is called ane-PLA of X if err(X, X) < e. Ane-PLA

compress a time series. A numeric data stream can be tresited aX of X is optimalif | X| (i.e., the number of segments 1) is

a potentially unlimited time series. Thus, it is natural iplere

whether we can compress a numeric data stream using the piece

wise linear approximation method.
Let X = z1 - - -z, be atime series of points, andz; (1 < i <

minimized. n

We propose two error measurement functions meaningful for
data streams.



First, themax-errfunction captures the maximal error between
X and X atany index. Thatis,

mazerr(X,X) = m}lfﬂxz — %}

With potentially unlimited streams, using the max-err fiime, we
can make sure the approximation quality is consistentlynded at
every point.

Second, theeg-errfunction checks the error introduced by each
segment, and captures the maximal error. That is,

segerr(X, X) = max{ Z (z; — %)%}
seX
i€range(s)
Using the seg-err function, we can make sure that the erta-in
duced by every segment is bounded.
Using the two error measurement functions, we have two ver-
sions of the error-bounded PLA problem.

PROBLEM3 (PLA-POINTBOUND PROBLEM). Given an error-
bounde, thePLA-PointBound problenis to find ane-PLA X such
thatmazerr(X, X) < eand|X| is minimized. L]

PROBLEM4 (PLA-SEGMENTBOUND PROBLEM). Given an
error-bounde, the PLA-SegmentBound problens to find ane-
PLA X such thatsegerr(X, X) < eand|X| is minimized. =

2.2 Redated Work

Piecewise linear approximation (PLA) has been well ingegtd
in [4,[7,[8,[12] 18] 16]. The idea behind PLA comes from the fact
that a sequence of line segments can be used to represeim¢he t
series while preserving a low approximation error. Statdiaear
regression technique is widely used in most existing piész¥in-
ear approximation algorithms to calculate a line segmeptap
imating the original data with the minimum mean squaredrerro
Many of them [5[ 6| B, 12] target at solving the conventionaAP
problem and may not be applicable to streaming data.

Despite the substantial research efforts in PLA techniffles,
711118 12], existing solutions are not tailored for dataamns over
resource-constrained sensor networks. They either eqamplex
computation or have high cost in space. To the best of our know
edge, there has no implementation of these algorithms Iistiea
sensor device.

In [9], the authors use PLA to estimate a time series. Butthe a
thors put unnecessary constraints on the algorithm, wigighires
the endpoints come from the original dataset. On the whbsr t
algorithm can run ir0(n*logn) time complexity and take®(n)
space complexity.

In [[7], Keogh et al. give a comprehensive review on the exgsti
techniques for segmenting time series. They categorizedhe
tions into three different groups, namely sliding windowthoesls,
top-down methods, and bottom-up methods. They then takenadv
tage of both sliding window and bottom-up methods and deaign
Sliding-Window-And-Bottom-up (SWAB) algorithm. The SWAB
algorithm uses a moving window to constrain a time periocbin-c
sideration.

In [11], an amnesic function is introduced to give weightslife
ferent points in the time series. The PLA-SegmentBoundIprob
is discussed in the context of Unrestricted Window with Abto
Amnesic (UAA) problem, but complete solutions to this pesthl
are not provided in [11].

A solution to the PLA-PointBound problem is addressed_ir] [10
with a different definition of point error bound. The algébrit is
claimed to be optimal, but the time complexity@®n?®) wheren is

the number of points in the time series. Moreover, no peréoe
evaluation of the solution is presented in the paper.

In summary, although the error-bounded PLA problem has been
investigated before, the problem has not been studiedregsite
cally. No solutions applicable to data streams have beesioled,
let alone solutions for resource-constrained sensor mkswo

3. ONLINE ALGORITHMS

In this section, we develop two online algorithms for the PLA
PointBound and the PLA-SegmentBound problems, respégctive
The two algorithms share the same framework.

3.1 TheFramework

The framework of our algorithms works in a greedy manner.
Whenz1, the first point in the stream, arrives, we stare When
o arrives, we also store, sincex; andz2 can be compressed by
a segment exactly. Whery arrives, we check whethars can be
compressed together withy andz» by a line segment satisfying
the error-bound requirement. If so, we stare Otherwise, we
output a line segment compressing andz2, removezr; andxs
from the main memory, and stois.

Generally, imagine we have a buffer in main memory storing
points x;, xi+1, . . ., ; such that the points in the buffer can be
compressed by a line segment satisfying the error-boungreeq
ment. When a new point;+, arrives, we check whethet; 1
can be compressed together with) . . ., z; by a line segment sat-
isfying the error-bound requirement. If so, we adg,; to the
buffer and move on to the next point. Otherwise, we outpufga se
ment compressing, . . ., x; satisfying the error-bound require-
ment, and remove them from the buffer;; is then stored in the
buffer.

Although the framework is simple, there are two criticaliss
that need to be solved carefully in order to make sure that the
runtime of the algorithms is linear with respect to the numtie
points in the streams, and the space size needed by thetlifgsri
is bounded by a constant.

First, how can we store the information about the points we ha
seen but have not compressed? In the worst case, there can be
an unlimited number of such points (e.g., a times series evakr
points take the same value). How can we summarize them using
only constant size memory?

Second, how can we determine whether a newly arrived point
can be compressed together with the points already in tHerbuf
that have been seen but have not been compressed? Reisitieg
points one by one leads to the runtime quadratic with restgect
the number of such points. As explained before, there cambe a
unlimited number of such points. The overall time complexit
quadratic if those points are revisited one by one.

Our central idea to tackle the above two challenges is thevel
ing. Instead of storing the points explicitly, we monitoetfange of
all possible line segments that can be used to compress this po
that have been seen but have not been compressed in a coagise w
When a new point arrives, we can check whether the point can be
compressed using some line segment in the range. If so, ihsnea
that the new point can be compressed together with the pamts
cumulated. We only need to adjust the range of the possie li
segments to make sure the new point is also compressed., If not
means that the new point cannot be compressed togetherheith t
points accumulated. A segment should be output.

3.2 Solving the PLA-PointBound Problem
A segments = ((¢,y:), (J,y;)) can also be represented by the
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left endpoint(i, y;), the slopem = y;%f and the index of the
right endpoint;.

For two pointsz; andz; in a data stream, if a line segment=
((i,9i), (§,y;)) with slopem = y;%f can approximate:; and
zj,i.e.,|r; —%;| < eand|z; — ;| < e wheree is the error-bound,
s must satisfy the following four conditions.

(i —€) <yi < (i +e) 1)

my = &+~ @
j—1

my= &9 4 ©)
]—Z

me <m < m 4)

Figurel2 illustrates the conditions and their relationsttiBalarly,
m1 andms are the slopes of the two lines shown in the figure.

Input: a data streanX = z1, z2, ... and error-bound;

Output: a list of line segment¥ approximatingX
such thatnazerr(X, X)) < ¢

M ethod:

1. P=poly(l,2);i=1;j=3;
2: WHILE (1) Do {
3 P’ = Pnpoly(i,j);
4: IFP A#Q)THENP =P, j=j+1;
5: ELSE {
6: randomly choose a poilfy, m) in P;
[*any point in P meets the point error bound*/
7: output a line segment
((i7y)7 (J -Ly+ (] -1- 7’) * m))'
8: P=poly(j,j+1);i=4,j=75+2
}
}

Figure 4. PointBound, an online algorithm for the PLA-
PointBound praoblem.

the value ofs on indexi. Secondk # i. Then,s & poly(i, k). In
both cases, we have contradictions. n

Using LemmalL, we have algorithm PointBound, an online algo-
rithm as shown in Figurgl4. We maintain the intersection d§po
gonspoly(i,i + 1), ...,poly(i, j), wherez; is the first point that
has not been compressed yet in the data streamz aiglthe last
point arrived such thatoly(i,i + 1) N ... N poly(i, ) # 0.

When a new point ;1 arrives, we computgoly(s, j + 1) and
poly(i,i+ 1) N...Npoly(s,7) Npoly(i,7 + 1). Ifitis @, then a
line segment is randomly chosen to approximateg, . . ., z; such
that (y;, m) is in poly(i,i + 1) N ... N poly(z, j), wherey; is the
value of s on indexi, andm is the slope ofs. s is output, and
the intersection of polygon is removed;; andz ;42 are used to
generate a new polygamwly(j + 1,5 + 2).

If poly(i,i+1)N...Npoly(i,7) Npoly(i,j + 1) # O, then the
intersection is kept, and the algorithm moves on to the neixitfin
the stream.

For any:i andj, poly(i, j) is a parallelogram where there are two
edges parallel to the slope axis. Itis easy to show that fpi and
J, Nl _.poly(i, k) is a convex polygon. In the worst case, the edges
of the intersection of parallelograms could be uR(g — ¢ + 1),
i.e., twice the number of parallelograms intersected. Aightfor-
ward method keeping all edges of the intersection areehstillthe

Since the line segments are determined by the value of the lef quadratic time complexity and linear space complexity,olitare

endpointy; and slopem, we examine the distribution of points
(yi,m) that satisfy Equatiorls] 1 {d 4. As illustrated in Figlie 3,
the possible line segments form a polygeiy (7, j). We have the
following important result.

LEMMA 1 (PLA-PoINTBOUND). A line segment of left end-
pointy; and slopemn can approximate points;, . . ., z; with max-
err at moste if and only if (y;, m) is in polygonpoly(i,i + 1) N
poly(i,i+2) N ---Npoly(s,j).

Proof. The necessity follows with the definition pbly(i, j). For
any line segmerd ¢ poly (i, i+1)Npoly(i,i+2)N- - -Npoly(i, j),
there exists an indek (i < k < j) such thats € poly(i, k), i.e.,
cannot approximate either, or xy.

not applicable to data streams.

Fortunately, we do not need to record all edges of the intése
polygon. Insteadye need to record only up tbedges to determine
whether a new point can be compressed together with thegoint
seen but not compressed.

Using EquationEll thl4, it is easy to see that each parallaogr
has two properties: (1) Each parallelogram has two verédgkes
and two sloping edges with a negative slope value, as shown in
Figure[3. The range qf; is the same for all parallelograms (i.e.,
x; —e <y, <z +e). (2) Forjo > j1 > i, the absolute slope
value of the two sloping edges imly (3, j2) is strictly smaller than
the absolute slope value of the two sloping edgesiy (i, j1 ).

Let us focus on the intersection points of the upper slopdgee

We prove the sufficiency by contradiction. Suppose a segment of parallelograms. The case for the lower sloping edges ean b

s € poly(i,i + 1) Npoly(i,i + 2) N---Npoly(s, j) buts cannot
approximatezr; (i < k < j). Two situations may arise. First,
k = i. Then,s & poly(i,i + 1) since|z; — y;| > € wherey; is

analyzed similarly.
The situations are illustrated in Figure 5. Suppose thafitke
parallelogram gives the upper sloping edg®& with slope value
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map as in Figurd.b(a). When a new data point arrives, a new
parallelogram is formed. In the worst case, the upper stppige
of the parallelogranC'D cuts AB into two parts. LetE be the
intersection point betweeA B andC D, as shown in Figurel 5(b).

By the second property, we hay®cp| < |mag|. Moreover,
the upper sloping edgeG of any future parallelogram cannot cut
both CE and EB due to the smaller absolute slope valueraf
thanmcp. In other words, if a future parallelogram intersects with
the current intersection polygon, the upper sloping edgbepar-
allelogram can only cut eithe?' E, E'B or the right vertical edge.
Instead of keeping’E and E B, we can keep line segme6tB.
Then, a future parallelogram intersects with the curretdrgec-
tion polygon if and only if it cuts” B.

Generally, we only need to keep the line segment connedtimg t
left-most upper corner and the right-most upper cornerterup-
per sloping edges. Similarly, we only need to keep the ligensmnt
connecting the left-most lower corner and the right-moselocor-
ner for the lower sloping edges.

In addition to this two line segments, we need to keep the two
vertical edges in the intersection polygon. The reasorsaisttte in-
tersection of two parallelograms may shrink the range ofriter-
section, as illustrated in Figuré 5(c), where parallelograBC D
intersects with parallelograd® FGH. The left vertical edge is
shrunk into a poinf right to the original edge.

In summary, we need to record only up4@dges to determine
whether a new point can be compressed together with thespoint
seen but not compressed. This immediately leads to thefiolgp
result.

THEOREM1 (COMPLEXITY — POINTBOUND).
The algorithm PointBound for the PLA-PointBound problens ha
the time complexity)(n) and the space complexi€y(1), wheren
is the number of points in a time series to be compressed. =

Since algorithm PointBound only looks ahead for one point in
the data stream to output a line segment whenever necesstey i
piecewise linear approximation, it is an online algorithnd &an
be applied on data streams.

3.3 Solving the PLA-SegmentBound Problem
We first present the following useful observation, to whicin-
ilar result has been reported [n [12] without proof.

LEMMA 2. Suppose that a line segmenapproximates a frag-
mentX of n pointsz1, . . ., x, in a time series. Thes, minimizes
segerr(s, X) if the slope of is
— % D1 D T
L i2) = (30 9)?
and the left endpoint of has value

>y (wi —i-m)

n

®)

m+

Input: a data streanX = z1, T2, ... and error-bound;
Output: a list of line segmentX approximatingX
such thatnazerr(X, X)) < ¢;

Method:

1. i=1,7=3

2: s =theline segmenf(1, z1), (2, x2));

3: WHILE (1)Do {

4: s' = the line segment identified in LemrA 2 to

compresse, . .., T;;

5: IF segerr(s’,x; -+ x;) < € THEN
6: s=sj=7+1;
7: ELSE {
8: outputs;
9: i=jij=i+2
10: s =the line segment(i, z;), (i + 1, ziy1));
}
}

Figure 6: SegmentBound, an online algorithm for the PLA-
SegmentBound problem.

Proof. Consider a line segmentapproximating fragmenkX. Let
the left endpoint ok be (1, y1) and the slope bs:. For each point
z; (1 <4 < n),theerrorigz; — Z;| = |xs —y1 — m(i — 1)|.
Thus,

n

segerr = Z(xz — 1 —m(i— 1))

i=1

(6)

Clearly, wheny; = m + M segerr reaches the mini-
mum value

n n
2 2 .2
segerr = E i +m i° —2m

n
E :Eii—
i=1

i=1 i:ln ' , (7)
(Zi:l(xi — 1% m))
n
From Equation[{]7), when
= (i i) — % Doy 4D T
(i) — 5 (T, 1)
segerr IS minimized. [

Lemmd2 leads to algorithm SegmentBound, an online algurith
for the PLA-SegmentBound problem as shown in Fidgdre 6. Sup-
posez1, ..., x, are the points that have not been compressed yet.
When a new point,,+1 arrives, we check whether the line segment
identified by Lemma&l2 can achieve the segment error bound, If s
thenz,1 is added into the buffer, and the algorithm moves on to
the next point in the stream. Otherwise, the line segmergestgd
by Lemmd2 for pointscs, ..., z, is output, andey, ..., z, are
considered compresset; ., is added into the buffer.

When a new data point, 1 arrives, the left endpoint and the
slope of the line segment suggested by Leriina 2 can be cadulat
quickly. Technically, Equation§X5) anfl] (7) indicate that meed to
calculate}" " i, S0t s, S g, 0 2f, and S0 AR
Since we already hav® ! | 4,1 @i, >0, @i, v, @7, and

", i?, the addition of the new point only incurs a constant cost
to update the values ofi and the left endpointThis leads to the
following result.

THEOREM2 (COMPLEXITY — SEGMENTBOUND).
The algorithm SegmentBound for the PLA-SegmentBoundeprobl



has the time complexit(n) and space complexit9(1), wheren
is the number of points in a time series to be compressed. =

4. OPTIMALITY

THEOREM3 (PLA-POINTBOUND QUALITY).

The PointBound algorithm in Sectibn B.2 produces a minimum-n
ber of segments to compress a time series.

Proof. For a time seriesX = x1,...,zn, let! = min{|X|},
whereX is ane-PLA approximatingX (i.e.,mazerr(X, X) < e).
We conduct an induction ohto show that algorithm PointBound
outputs are-PLA of [ line segments.

(Base case) Considér= 1, i.e., there exists a line segment
that approximates the whole time series. According to Leiflina
poly(1,2) N--- N poly(1,n) # @. Thus, algorithm PointBound
finds aline segmentapproximatingc1, . . . , ©» andmazxerr(s, X) <
€.

(Induction) Assume that, wheh < k, algorithm PointBound
finds ane-PLA X of [ line segments to approximaté. Now, let
us consider the case of= (k + 1), i.e., there exists an optimal
e-PLAY = {s1,..., 5511} that approximatess.

Suppose that; approximates:, . . ., . Let us assume thaf
output by algorithm PointBound approximates points. . ., ,,-.

Due to LemmdML poly(1,2) N --- N poly(1,m) # @. Thus,
s1 must approximater, . . ., z,, with the quality guarantee, i.e.,
mazxerr(sy, 1 - - Tm) < €. In other wordsm’ > m.

If m = m/, then pointsc,,+1, . . ., 2, in X can be approximated
by ane-PLA of (I — 1) = k line segments. According to the
assumption, algorithm PointBound finds @®PLA of (I — 1) line
segments approximating, 41, - . ., Tn-

Suppose thatn’ > m. Sincezm+1,...,z, can be approx-
imated by ane-PLA of (I — 1) line segments, a proper subset
Tm/+1,- - -, Tn MuUst also be approximated by afPLA of at most
(I — 1) = k line segments. We only need to drop the segments
approximatingr,,+1, - - . , ,,-. According to the assumption, al-
gorithm PointBound finds aa-PLA of the minimum number of
line segments to approximate point$ 1, ..., Tn.

In summary, algorithm PointBound finds aPLA of [ = (k +
1) line segments approximating. [

Similarly, we can also show the optimality of the Segmenti&bu
algorithm.

THEOREM4 (PLA-SEGMENTBOUND QUALITY).
The SegmentBound algorithm in Secfiod 3.3 produces a mimimu
number of segments to compress a time series.

»time » time

Figure7: An example of zoning angle

For any time serieX of m points, suppose that the PointBound
algorithm approximateX usingn line segments. Then, according
to Theoreni B, any PLA cannot have less thaline segments. To
represent: line segments, at leagt + 1) points are needed. Thus,
the optimum compression ratio using PLA is at mes}: = ;7.

The line segments generated by the PointBound algorithm may
not be connecting. Thus, at m@st points are needed to represent
then line segments. The worst case compression ratio of the-Point

Bound algorithm isxpointBouna = 3. Clearly, —22¢ =

XPointBound
2n

n+1<2. [ |

5. PLAZA FOR TINY SENSORS

Although algorithm PointBound is optimal for the PLA-Pdéaiund
problem, it still may be too computation intensive for tirgsource-
constrained sensors due to two reasons.

First, algorithm PointBound may generate non-connectawg s
ments such that each segment requires the transmissioo efigy
points. As analyzed before, connecting line segments sethe
data transmission volume since each segment (except therfak
requires the transmission of only one endpoint. Secondyitthgn
PointBound has to calculate intersection of parallelograrihe
computation may be too heavy for tiny, resource-constrhsen-
sor nodes.

In this section, we design a simple, fast online algorithrARA
(Piecewise linear Approximation with Dning Angle) for the PLA-
PointBound problem. PLAZA generates connecting line sedse
Although PLAZA is not optimal in the number of line segments
used for approximation, it is light in computation and veffeetive
in compression ratio, as will be verified by our experiments.

5.1 PLAZA

PLAZA builds on the concept of zoning angle. Given an er-
ror bounde and two points(z, z;) and (k,zx) (¢ < k), the zon-
ing anglefrom (i, z;) to (k, zx), denoted by, ,, is defined as

Although the number of line segments used to approximate a the angle that ha&i, z;) as the endpoint((i, z;), (k, zx)) as the

time series is a good measure on the compression qualitg, it i
not directly translated to compression ratio. For examiplegur
methods, the endpoints of segments are not constrained, Tl
points are needed to represent a segment. On the other hand,
PLA using connecting segments (i.e., two consecutive satgme
share the same endpoint) may use more segments but achieve
better compression ratio since only one point is needechresent

a segment except for the first segment.

THEOREM5 (COMPRESSION FACTOR.
Algorithms PointBound and SegmentBound have an approiimat
factor of 2 to the optimum compression factor that af?LA can
achieve.
Proof. We only show the case for the PointBound algorithm. The
same argument applies to the SegmentBound algorithm.

R
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bisector, and has a degree ®firctan
Vk =92+ (zr — x4)2.

Figure[T(a) shows an example of zoning ardjle,,. The zoning
ﬁngle defines a zone to include any potential line segmeatsam
be used to compresas andxy.

2 \We observe the following important results. Their proofriga
and is omitted due to space limit.

where |z;xr| =

LEMMA 3. For three pointse;, zr, z;(i < k < j) in a time
series, the line segmets, x;), (j, z,)) approximatesc;, with er-
ror up to e if and only if the line segmer(i, x;), (4, z;)) falls in
the zoning angl@(; .

LEMMA 4. Forthree pointse;, zx, z; (i < k < j) inatime se-
ries, if zoning angle(; ;) has no overlap with zoning angtg; ,,.



Input: a data streanX = z1, z2, ... and error-bound;

Output: ane-PLA X of a list of connectindine
segments, i.emazerr(X, X)) < ¢

M ethod:

1. i=1;angle = 0( z);

2: s=linesegment(l,z1),(2,22));j =3;

3: WHILE (1)Do {

4: angle = angle N 0f; ;

5: IF angle # 0 THEN {

6: IF segment (i, x;), (J, z;)) falls in angle

7: THEN s = line segment (7, z;), (7, x;));

8: ELSE {

9: :c; = the value of the bisector line of
angle at index; as shown in Figurgl 7(b);

10: s = the line segment(s, ;), (J, x;));

11: Tj = :r;;

12: }

13: j=73+1

14:  }

15: ELSE {

16: outputs;

17: i=j-Lai=zinj=7+1

18: angle = 0; ;1 1y;

19: s = line segment (¢, x;), (i + 1, ziy1));

20: }

21: }

Figure8: Algorithm PLAZA.

there does not exist a line segmentith (i, z;) as the left endpoint
such thatmazerr(s,x; - - xp---x;) < €.

Algorithm PLAZA works as follows. Starting from a point;,
Lemmd3B is used to check if there is a line segment approxigati
points between indexesand j(i < j). Moreover, Lemm&l4 is
used to check if searching further in the time series isdutfThe
pseudocode of PLAZA is shown in Figuré 8. Algorithm PLAZA
scans each point in a data stream only once and stores ordgrthe
ing angle and the current approximating segment in main mgmo
the algorithm clearly has linear time complexity and consspace
complexity.

5.2 Benchmarking PLAZA

PLAZA creates connecting line segments. Only transmissfon
one point is needed for each line segment except for the ifiiest |
segment. This feature distinguishes PLAZA from algoriti®omt-
Bound and SegmentBound. What is the optimal compressidn tha
can be achieved by annPLA consisting of only connecting line
segments?

The idea behind the optimal PLAZA benchmark algorithm is
similar to that of algorithm PointBound. The main differenis
that, unlike the PointBound algorithm, we do not start the seg-
ment with the initial condition:; — ¢ < y; < z; + ¢, wherey; is
the value of the left endpoint of the new segment. Insteadete s
a smaller range op; to guarantee the connectivity of two consec-
utive segments. Specifically, to decide the rangg;pfve use the
last non-empty polygon intersection in the previous point.

We find the optimal solution by a thorough search. Starting
from z1, we try all values ofj such thatz,,...,z; can be ap-
proximated by a line segment with maximal error For each
such a subset,...,x;, we compute the intersection of paral-

lelogramspoly(1,2) N --- N poly(1, 7), and try to find a line seg-
ment with left endpoin{j, y;) that can approximate some points
ZTj+1,...,2; Wherej + 1 < ¢ andy; is in the range confined by
poly(1,2) N --- N poly(1,j). By doing so, the first and the sec-
ond line segments are connected. We conduct a depth-firgthsea
to find ane-PLA consisting of the minimum number of connecting
line segments. Limited by space, we omit the details here.

The optimal PLAZA benchmark is an offline algorithm: it as-
sumes the time series is given and can be scanned multipds.tim
Its complexity is far above linear due to the thorough seafdtis
algorithm is obviously not suitable for online compressarata
streams. It is for comparison purpose only.

6. EXPERIMENTAL EVALUATION

In this section, we evaluate the performance of our onlige-al
rithms by simulation in Matlab and by real implementatiorthwi
MICA2 motes [15].

6.1 Experimental Setting

We generated two audio files for test. The first file includes hu
man voice with the sampling rate 8fkhz in mono channel. The
second file includes piano music with the sampling raté4okhz
in mono channel. Each file includés000, 000 samples, and the
size of each sample i bits. Figure§P anld 10 show the waveform
of the human voice data and the waveform of the piano music, re
spectively. It can be seen that the music data is much “sredbth
than the human voice data. We use the files to test the penfmena
of our online algorithms in bandwidth saving. We measure two
metrics:

1. Sample reduction ratio (inverted compression ratidj is
defined as the total number of points to representtReA
divided by the total number of points in the original time
series.

n ~\2

. Distortion. It is defined asw, wheren is the

total number of points in the time series, is the original

value, andz; is the approximated value of;.

In simulation, we apply the online algorithms on the audiesfil
and measure the sample reduction ratio. Simulation reardtse-
ported in Sectiofi 612 and Sectibn16.3. In the test using MICA2
motes, the original audio files are played on a desktop coenput
and are monitored and transmitted with a MICA2 mote over wire
less channel to a laptop computer. More details are proviided

Sectior 6.4.
6.2 Resultson Quality

6.2.1 Results on Sample Reduction Ratio

Figure$ Il and 32 show the results of algorithms PointBouadd a
SegmentBound, respectively, with respect to various droand
values. As shown in the figures, we can obtain a higher baritwid
saving on piano music than on human voice. By replaying the
audio files recovered from the samples by our algorithms, eve p
ceive that the human voice recovered from the samples bylgor a
rithms is fully recognizable with the segment error boundas4,
or with the point error bound up t©.2. The quality of recovered
piano music is acceptable to us with the segment error boprid u
0.2, or with the point error bound up t@1.

Figure$ Tl and12 clearly demonstrate significant bandvgialth
ing. With the online algorithms, we only need to transmituard
5% of the original sample size for piano music and arofg of
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Figure 9: The waveform of the human voice data (the
lower part isin asmaller timescale).
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Figure 11: The samplereduction ratio of PointBound.
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Figure 13: The samplereduction ratio of PLAZA .

the original sample size for human voice. As such, both sdilesl
can be transmitted with the current sensor nodes.

Figure[I3 shows the sample reduction ratio of algorithm PAAZ
with respect to various point error bounds. We can obserge th
similar phenomenon as in Figurles| 11 ahd 12. With PLAZA, we
perceive that the recovered human voice is fully recogmézalith
the (point) error bound up @2, and the quality of recovered piano
music is acceptable to us with the (point) error bound up.1o
From Figurd_1B, the above qualities correspond to the battbwi
reduction of nearly3% of the original data size for piano music
and about 5% of the original data size for human voice.

Figure 10: The waveform of the piano music data (the
lower part isin asmaller time scale).
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Figure 12: The sample reduction ratio of Segment-
Bound.

in PLAZA, resulting in no sample reduction.
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Figure 14: Comparison of the three algorithms on the human
voice data set.

Figure[14 compares algorithms PLAZA, PointBound, and Seg-
mentBound on the human voice data set. The gap between algo-
rithms PLAZA and PointBound is very small when the error kabun
is less thart).5. Algorithm PointBound leads to more samples than
algorithm PLAZA when the error bound is less thaB. The gap
between algorithm SegmentBound and the two algorithmshier t
PLA-PoinBound problem comes from the fact that, using theesa
error bound value, the PLA-SegmentBound problem puts aetigh
error constraint than the PLA-PointBound problem. We oleser
the similar performance comparison of the three algoritbmthe

One interesting phenomenon is that the SegmentBound algo-piano data set, but omit the figures here due to space limit.

rithm can reduce sample transmission volume even if ther erro
bound is set to zero, as shown in Figliré 12. This is becausein t
audio files, there are some silent periods where the samplesva
are close to zeros. The SegmentBound algorithm finds a lige se
ment to approximate those situations. This nice featureekier,
does not exist in the algorithms for the PLA-PointBound jeoh

If the error bound is zero, the initial polygon is empty in teint-
Bound algorithm, and the degree of the initial feasible angkero

6.2.2 Results on Distortion

In Figured Ib anf"16, we quantitatively show the distortibn o
our algorithms on the human voice data set and the piano music
data set, respectively. The overall distortion on humarcesds
larger than that on piano music due to the “smoother" waweiar
the music data set. With the same error bound, algorithm FAAZ
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Figure 16: The distortion on the piano music voice

Figure 15: Thedistortion on the human voice dataset.
dataset.

has the largest distortion. Algorithm PointBound is thetné¥go- l
rithm SegmentBound has the smallest distortion becaussaihe [
error bound on the PLA-SegmentBound problem and the PLA-

PointBound problem poses a tighter error constraint on thé- P Pl
SegmentBound problem. The smaller distortion, howevaneso — iy
with the cost of lower bandwidth saving as analyzed before. Mical mote

6.3 Benchmarking PLAZA

€

We test the performance of PLAZA comparing to the optimal .
solution of its kind (i.e., using connecting line segmemisackle . beee it
the PLA-PointBound problem). Due to the high complexity fué t
PLAZA Benchmark method, the audio files are too big to obtain
the optimal results within reasonable time. We have to useals Figure17: Thetest bed using real sensors.
portion of the audio files for this test.

Interestingly, the PLAZA method and the optimal PLAZA bench ) ) )
mark algorithm generate very similar PLA line segments. idud @ higher price, MICAz sensors support up2s0 Kbps wireless
files are usually filled with short silent periods where saanallues transmission. This task, however, has never been fulfilliu ow-
are close t@. Thus, algorithm PLAZA can obtain line segments €nd devices like MICA2. To this end, we break the limit of sear
very similar to those computed by the benchmark algorithne W radio bandwldth and carry out a task that is hard to achieteowrt
omit the detailed figures due to space limit. our fast online compression methods.

6.4 Resultson Real Sensors 6.5 Evaluation in Other Applications

imol d i lqorith . Although we only implemented the online algorithms in anueszo
m(\)/tV:S [T;? ?rr:ringoss%%rw ggéﬂﬁolgg?/olnr:cm%rhgstgsgt b'Zl(chi'sA%I tic sensor monitoring s_yste_m, our al_gorithms are actuaityliae_l-
e ’ ; . ble to many other application domains such as electrooguaiio
lustrated in Figuré I7. A MICA2 m_ote includes a radio/preues (ECG) monitoring for patients. We test our algorithm on anGEC
b"?rd and a sensor board.. The radlo/prpcessor board0éshz data set The maximum value on the data sét #0 and the min-
radio. The sensor board includes a microphone that can lik use ;1 yaiye is—8,190. We test our online algorithms with error
for sampling sound. The interface of the base station ischase bound varying from to 100
RS232. It acts as a gateway to connect the laptop and the radio ’
wireless sensor network. The original audio files are played
desktop computer, monitored by a MICA2 mote, and transuhitte 00 online PointBound A,;’OL,,‘;ZQ =
over wireless channel from the MICA2 mote to the base station Wi online SegmentBound Algorithm -+«
The results about the sample reduction ratio on the reabsens ‘
test bed are close to the simulation results using Matlal. ttiBa
audio quality obtained using the real test bed is worse thainab-
tained in the Matlab simulation. The deterioration in augii@lity
is caused by the major restriction of TinyQ$S [3], the curramer-
ating system in MICA2 motes. The OS does not support multiple
threads and thus it cannot perform radio transmission anddso e U R ke ;
sampling concurrently. Due to this limit, when we transmatal 0 b

1 T T T T T T T T T T

sample reduction ratio

) . 0 5 10 15 20 25 30 35 40 45 50 55 60 65 70 75 80 85 90 95100
to the base station, the sensor board stops sampling anduhd s error bound
during this period is missed, resulting in small silent gapshe
recovered audio. Nevertheless, we can still recognize tinean Figure 18: Resultson an ECG data set.

speech and the piano music.
The same task can be carried out with the most recent, more Figure[I8 compares the sample reduction ratio of algorithms
advanced sensor device, MICAz from the same company. With PLAZA, PointBound, and SegmentBound on the ECG data set.
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