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wherec is the speed of light,f the frequency,d the distance between the two nodes anda pl the
path loss exponent. In the following simulations, the path loss exponent will be set to 2.

Look Up Tables As mentioned above, the QoS used in the next simulations, to determine
which transmission scheme is ºthe bestº one for a given con®guration, is the Packet Error Rate.
We have consequently evaluated the PER for all triplet of SNR with: 0 dB< SNRsd< 25 dB,
0 dB< SNRsr< 25 dB, and 0 dB< SNRrd< 25 dB.

Three transmission schemes are considered in this section:

� a direct transmission,

� a OWOP-SR transmission,

� a OWOP-CR transmission.

As the PER depends on the ef®ciency, we decided to compare transmission schemes with iden-
tical ef®ciency from the source point of view.

In this study, we de®ne the total ef®ciency from the source point of view (h) as the convolutional
encoder ef®ciency (he), multiplied by the forwarding strategy rate (h f ) from the source point
of view. The forwarding strategy rate is computed as the number of data packets sent by the
source (nbpackets) over the number of bursts used by the source (nbbursts).

h = he
nbpackets

nbbursts

Combining these two ef®ciencies allows us to always compare transmission schemes at a same
ef®ciency from the source point of view.

As an example:

� Using a direct transmission: the source sends a data packet in one burst. The forwarding
strategy ef®ciency from the source point of view therefore equal to 1.

� Using an OWOP-SR transmission: the source uses one burst for the destination to receive
one data packet. Note that from the destination point of view, two bursts are used for the
destination to receive one data packet. From the destination point of view, the forwarding
strategy ef®ciency would be 1/2, but in this study, we focus on the source's point of view.
Consequently, the second time slot during which the relay sends data can be use by the
source to send information to another user. The forwarding strategy ef®ciency from the
source point of view is therefore equal to 1.

� Using an OWOP-CR transmission: the source use two time bursts, for the destination to
receive one data packet. The forwarding strategy ef®ciency from the source point of view
is therefore equal to 1/2.

Consequently, a OWOP-CR transmission with a forwarding strategy rate equal tor f , can be
compared with a direct transmission and a OWOP-SR strategy with a forwarding strategy rate
equal tor f =2. In the next simulations, we user f = 1. We consequently use a 1/2 convolutional
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encoder for the direct and the OWOP-SR transmission and no convolutional encoder for the
OWOP-CR transmission.

Results are presented for two different SNRsd for the OWOP-CR transmission in Figure 44.

Figure 44: Left: PER for SNRsd = 20 dB, right: PER for SNRsd = 23 dB.

For each triplet of SNR, we have also compared the different results obtained and keep the
transmission scheme that leads to the best PER. Results are presented in Figure 45, Figure 46
and Figure 47. The abscissa represent the source-relay SNR, the ordinates axe corresponds to
the relay-destination SNR and each ®gure corresponds to a given source-destination SNR.

Figure 45: Transmission Scheme for SNRsd = 1 dB.

In this simulation, two main remarks can be pointed out:

1. We can notice that, the direct transmission remains ºthe best oneº in terms of PER for
low SNRsr values. The range of SNRsr for which the direct transmission is preferable
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Figure 46: Transmission Scheme for SNRsd = 7 dB.

Figure 47: Transmission Scheme for SNRsd = 17 dB.

changes in accordance with the SNRsd. The higher the SNRsd is, the larger the range,
for which the direct transmission is preferable, is. As an example: For SNRsd = 7dB, the
direct transmission is the best one in terms of PER for SNRsr< 7dB, whereas for SNRsd
= 17dB, it is the best one for SNRsr< 16dB.

2. The lower the SNRsd is, the more the OWOP-SR is dominant on the OWOP-CR (and
particularly for high SNRrd values). This leads to the conclusion that assuming that no
obstacle attenuate the signal between nodes, the simple relaying is interesting for long
source-destination distances whereas the cooperative relaying becomes quite interesting
for smaller source-destination distances and small source-relay distances.
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Adaptive protocol simulation results The goal of this simulation is to evaluate the PER of
an adaptive protocol in comparison with static ones.

In this simulation, we focus on a three nodes cluster: a source, a destination and a relay, which
is activated if and only if a relaying transmission leads to a better PER than a direct one. Results
presented in the previous section are stored in Look Up Tables (LUT) in the source node, so
that it can acts as the cluster head in the OMNeT++ simulator. It also perfectly know the SNR
of all links and is charge of looking in these LUTs, which transmission scheme is the best one
for the triplet of SNR sent by nodes. Only data slot transmissions are simulated in this study.

Nodes can move during the simulation. Their positions are saved in a .txt ®le (con®g.txt) using
Cartesian coordinates (Figure 48). In the ®rst line of the ®le is indicated the number of posi-
tions simulated. The following lines contain nodes' coordinates for each con®guration. Nodes
movements are limited in an area of [0;400] km by [0;400] km (Figure 49).

Figure 48: Game area. Figure 49: Con®g.txt.

A circular obstacle can be inserted in the surface. Its characteristics (centre's coordinates and
radius) are de®ned in a .txt ®le (obstacle.txt) (Figure 50). This obstacle modi®es the SNR values
if the direct link between two nodes goes throw it. We assume that the loss due to the obstacle
is directly proportional to the distance run into the obstacle. The proportionality coef®cient is
called the ºtransparencyº and de®ned on [0;1] interval.

Figure 50: obstacle.txt presentation.

As an example, Figure 51 presents the destination path (the source and relay are supposed to be
static in this example). The nodes' color represents the transmission scheme used for a given
position. Figure 52 presents the PER in accordance with the nodes positions, for the adaptive
protocol and the three static protocols on which the adaptive one is based (Direct transmission
Simple relaying transmission and Cooperative relaying transmission). This example has been
realized with an obstacle radius equal to 500 meters and an attenuation due to the obstacle equal
to 0.02 dB/m.

This ®gure shows that the direct transmission is used for the only position for which the signal
is attenuated on the relay-destination link. For other con®gurations, the cooperative relaying
is used, except when the obstacle causes an obstruction on the source-destination link. In this
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Figure 51: Simulation con®guration.

case, the simple relaying transmission is used. This can be explained by the fact that it is the
only one that does not use the source-destination link.

Figure 52: PER versus nodes' positions.

Figure 52 presents the gain that can be obtained thanks to the adaptive protocol (based on direct,
simple relaying, and cooperative relaying transmissions). Indeed, using the adaptive protocol,
on this destination path, leads to a PER always lower than 1:27� 10 2 whereas it is lower than
2:81� 10 2 using the cooperative protocol, 5� 10 1 using a direct transmission protocol and
5:14� 10 1 using a simple relaying protocol. Some other simulations with other con®gurations
have been realized. Here are presented two of them to point out the obstacle's size and the
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opacity effects.

Simulation 1 In this simulation, the obstacle radius is set to 2 km so it is a 12,5 km2 circular
area. The transparency factor is set to 0.003 dB/m.

Figure 53: Simulation (1) con®gura-
tion. Figure 54: PER versus nodes' posi-

tions (1).

Simulation 2 In this simulation, the obstacle radius is set to 2 km too, so it is a 12,5 km2

circular area. The transparency factor is set to 0.004 dB/m.

Figure 55: Simulation (2) con®gura-
tion. Figure 56: PER versus nodes' posi-

tions (2).

The more opaque is the obstacle, the more preferable is the direct transmission, when the obsta-
cle obstructs the relay-destination link. Moreover, the simple relaying remains the best trans-
mission scheme when the obstacle obstructs the source-destination link. For all other cases, the
cooperative relaying is preferable.
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4.2.7 CONCLUSION

As a conclusion, we considered using a cooperative relaying strategy for the SENDORA sensor
network in the ad hoc parts of the system architecture to improve performance of sensors that
send LLR information to their cluster head and then to the fusion center. We decided to focus
on the Alamouti-based cooperative transmission as it is already used in different protocols and
its encoder/decoder is simpler than the one of most of other cooperative relaying schemes. The
link simulations pointed out that performances of relayed schemes (simple or cooperative) vary
a lot with the relay position. Moreover, the cooperative scheme appears to lead to a good im-
provement of the BER and PER when the relay is well positioned. As a consequence, using this
transmission scheme in a network, appears to be a good solution but only if the node chosen to
be the relay for a given transmission is well placed. In an ad-hoc network as the SENDORA
one, in which relays are simple nodes, we cannot be sure to ®nd a node which position corre-
sponds to one that improves performances with a cooperative scheme for a given transmission
in a cluster. Network simulations have shown that using only the cooperative relaying trans-
mission scheme in a network context leads to improve nodes that are in direct transmission
in bad coverage, but deteriorates nodes that already have a good coverage in direct transmis-
sion. We, therefore, concentrated on an adaptive protocol which ®nds the best relay and the
best transmission scheme to be used for a given con®guration and a given metric in a network.
For such a protocol, the cluster head uses a LUT to de®ne the transmission scheme to be used
for a con®guration. As the optimum relay position varies with the different parameters of the
network such as the transmit power, the frequency, etc., we decided to de®ne a con®guration as
a triplet of SNR (source-destination, source relay, relay-destination) instead of distances. This
adaptive protocol appears to improve performances of nodes that are in bad coverage but does
not deteriorate performances of nodes in good coverage. So that the average performances of a
cluster are improved and the PER is more fair in the cluster.

4.3 SPACE-TIME CODES FOR COOPERATIVE DDF CHANNELS

In this subsection, taken from the work in [31], explicit codes are constructed that achieve near
optimal performance and the diversity-multiplexing gain tradeoff of the cooperative-relay chan-
nel under the dynamic decode-and-forward protocol for any network size and for all numbers
of transmit and receive antennas at the relays.

4.3.1 THE DDF PROTOCOL

Under the DDF protocol, the source transmits for a total time duration ofBT channel uses.
This collection ofBT channel uses is partitioned intoB blocks with each block composed ofT
channel uses. Communication is slotted in the sense that each relay is constrained to commence
transmission only at block boundaries. A relay will begin transmitting after listening for a time
duration equal tob blocks only if the channel ªseenº by the relay is good enough to enable it to
decode the signal from the source with negligible error probability.

Page 81/127



Project:
EC contract:

SENDORA
216076

Deliv. ref.:
Deliv. title:
Deliv. version:
Submission date:

D5.2
Report on Algorithm Development
1.0
11.01.2010

4.3.2 NOTATION AND EXPRESSIONS FOR THE RECEIVED SIGNAL

Initially, we will assume that each relay node has a single transmit antenna. The extension to
arbitrary number of antennas is straightforward. We will similarly make the initial assumption
that the destination node has a single receive antenna.

It will be convenient at times to regard the source as the ®rst relay, i.e.,S � R1 and the
destination as the(N+ 1)th relay, i.e.,D � RN+ 1. The notation below is with respect to a ®xed
channel realization that lasts for theB-block duration.

Let xb(n), 1 � b � B, n = 1;2; � � � ;N denote theT-tuple transmitted by thenth node during the
bth block. Since all nodes do not transmit in all blocks, we will make the assignmentxb(n) = j ,
where we regardj as the ªemptyº vector to handle the case of no transmission. In particular,
the vectorsxb(1); b = 1;2; � � � ;B denote theB successive transmissions by the source.

Let us assume that up until the end of the(b 1)th block, we know which relays began trans-
mitting and when. We will assume that once a relay has begun transmitting, it will keep on
transmitting thereafter until the end of theBth block. LetI k denote the set of indices of the
relays that transmit during thekth block,k = 1;2; � � � ;B. We will refer toI k as thekth activation
set. Clearly

I1 = f 1g

I k � I k+ 1; 1 � k � (b 2):

We next proceed to determine for the relays not inIb 1, whether or not the time is right for
them to begin transmission during thebth block. In other words, we will determineIb given
f I kg

b 1
k= 1. SinceI1 is known, this procedure will allow us to recursively determine the activation

setsI k for all 1 � k � B.

We will begin by ®rst identifying the signal received by such a relay during the(b 1)th block.
Let zb, 1 � b � B, denote the size ofIb i.e.,

j Ib j = zb:

Clearly,
1 = z1 � z2 � � � � � zb 1 � N:

Let the elements ofI k; 1 � k � (b 1), be given by

I k = f 1 = m1; m2; � � � ; mzk
g:

We useh(m;n) to denote the fading coef®cient between themth andnth nodes. Letn 62Ib 1
and

hk(n) = [ h(m1;n); h(m2;n); � � � ; h(mzk
;n)] ; Xk =

2

6
6
6
4

xk(m1)
xk(m2)

...
xk(mzk

)

3

7
7
7
5

:

Let

yt
k
(n) = [ y(k;1)(n) y(k;2)(n) � � � y(k;T)(n)]

wt
k(n) = [ w(k;1)(n) w(k;2)(n) � � � w(k;T)(n)]
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denote the received signal and noise vector at thenth node during thekth block. Then we have

yt
k
(n) = ht

k(n)Xk + wt
k(n):

Therefore the received signal at thenth node up until the end of the(b 1)th block is given by

[yt
1
(n) � � � yt

b 1
(n)] = [ ht

1(n) � � � ht
b 1(n)]

2

6
4

X1
...

Xb 1

3

7
5 + [ wt

1(n) � � � wt
b 1(n)]:

Note that the vectorshl (n) as well as the matricesXl , 1 � l � b 1 are in general, of different
sizes.

4.3.3 SIGNAL AT DESTINATION

SinceD � RN+ 1, by replacingn by (N + 1) andb 1 by B in equation (19) above, we recover
the expression for the received signal at the destination during theBth block:

[yt
1
(N + 1) � � � yt

B
(N + 1)] = [ ht

1(N + 1) � � � ht
B(N + 1)]

2

6
4

X1
...

XB

3

7
5

+ [ wt
1(N + 1) � � � wt

B(N + 1)]: (19)

4.3.4 OUTAGE OF RELAY NODE

From (19), we note that the channel ªseenº by thenth relay node over the course of the ®rst
b  1 blocks is the MISO (multiple-input single output) channel characterized by the matrix
equation

y = [ ht
1(n) � � � ht

b 1(n)]x + w: (20)

Thenth relay node can decode reliably at the end of the(b 1)th block if at that point, it has suf-
®cient mutual information to recover the transmitted signal which carriesrBlog(r ) bits. Herer
denotes the multiplexing gain,r the signal to noise ratio, andr log(r ) the rate of communication
between source and destination. If it does not have suf®cient information, then we say that the
relay is in outage. Thus the probability of outagePout;n;b 1(r) of thenth relay node at the end
of the(b 1)th block is given by

Pout;n;b 1(r) = Pr

 

(1+ r
b 1

å
l= 1

j ht
l (n) j2) < r

BT
(b 1)T

log(r )

!

= Pr

 

(1+ r
b 1

å
l= 1

j ht
l (n) j2) <

rB
(b 1)

log(r )

!

:

Under the DDF protocol, thenth relay node at the end of blockb 1 uses this expression to
decide whether or not it is ready to decode. If it is ready to decode, then it will proceed to do so
and then begin transmitting from blockb onwards, i.e.,n 2 Ib.
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4.3.5 PERFORMANCE UNDER THE DDF PROTOCOL

In our analysis of the DDF protocol, we will make the assumption that if a relay does decode
erroneously, then this error will propagate and cause the receiver to decode incorrectly as well.
Thus the receiver at the destination will decode correctly if and only if in addition to the receiver
at the decoder, the receivers at all intermediate nodes that have participated in relaying of the
transmitted signal have also decoded correctly.

A lower bound on the probability of error of the DDF scheme can thus be derived by making the
assumption that when the channel seen by a relay node is not in outage and the relay proceeds
to decode the signal transmitted by the source, it will do so without error. Under this condition,
the error probability of the DDF scheme, will be lower bounded by the probability of outage
of the channel (19), seen by the destination. In Section 4.3.8, we will construct codes whose
error performance at large SNR is equal to this lower bound, thereby establishing that this lower
bound is indeed the error probability associated with the DMG tradeoff of the DDF protocol.

Let gdenote the vector composed of the
"N+ 1

2

�
fading coef®cients

�
h(m;n) j n > m;

1 � m� N;
2 � n � (N + 1);

�

ordered lexicographically. We will useGto denote the random vector of whichgis a realization.
The activations setsI k are clearly a function of the channel realizationg. Writing I k(g) in place
of I k to emphasize this, let us de®ne

I (g) = ( I1(g); � � � ; IB(g)) :

Let A denote the collection of all possible activation sets. It follows that the error probability of
the DDF scheme satis®es

Pe(r) � å
I 2A

Z

g2R(I )
pG(g) dg

where

R(I ) =
�

g j
I (g) = I"

1+ r å B
l= 1 j ht

l (N + 1) j2
�

< r log(r )

�
:

4.3.6 NOTATION TO A ID IN CODE ANALYSIS

Returning to the expression for the signal at thenth relay node up until the(b 1)th block in
(19), we extend the vectorshk(n) and the matricesXk to be of equal size with a view towards
the ST code construction to be presented in Section 4.3.8.

The vectors
f hk(n) j 1 � k � b 1; 1 � n � (N + 1)g

will be extended by zero padding, while the matricesXk, 1 � k � b  1will be padded with
arbitrary row vectors. The extra row vectors can be chosen arbitrarily since the extended matrix
ÃXk will be left multiplied by row vectorsÃhk(n) having zeros in the locations corresponding to
the indices of the row vectors where padding of the matrixXk takes place.
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We thus de®ne, for 1� k � b 1,

Ãh
t
k(n) = [ Ãhk(1;n) Ãhk(2;n) � � � Ãhk(N;n)]

where

Ãhk(m;n) =
�

h(m;n) m2 I k
0 else:

Also, let

ÃXk =

2

6
6
6
4

Ãxk(1)
Ãxk(2)

...
Ãxk(N)

3

7
7
7
5

where

Ãxk(m) =
�

xk(m) m2 I k
arbitraryn-length vector else:

In terms of the extended vector and extended matrix notation, the received signal at thenth relay
node,n 62Ib 1 and the destination can respectively be re-expressed in the form

[yt
1
(n) � � � yt

b 1
(n)] = [ Ãh

t
1(n) � � � Ãh

t
b 1(n)]

2

6
4

ÃX1
...

ÃXb 1

3

7
5 + [ wt

1(n) � � � wt
b 1(n)];

[yt
1
(N + 1) � � � yt

B
(N + 1)] = [ Ãh

t
1(N + 1) � � � Ãh

t
B(N + 1)]

2

6
4

ÃX1
...

ÃXB

3

7
5

+ [ wt
1(N + 1) � � � wt

B(N + 1)]: (21)

In this representation, all vectorsÃhl (n) are of the same size,(1� T). The same comment also
applies to the matricesÃXl , 1 � l � b 1, which are of size(N � T) .

As will be shown below, ST codes that are approximately universal for an appropriate class of
block-fading channels will be the building blocks of codes for the DDF protocol that attain the
DMG performance of this channel. For this reason, a discussion on the block-fading channel is
presented in the next two sections.

4.3.7 THE BLOCK -FADING CHANNEL : OUTAGE PROBABILITY

Consider the block-fading MIMO channel withnt transmit andnr receive antennas andBblocks,
characterized by

y
b

= Hbxb + wb; 1 � b � B: (22)
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Thus each matrixHb is of size(nr � nt). The probability of outage of this channel is given by

Pout(r)
:= Pr(

B

å
b= 1

logdet(Inr + r HbH²
b) < rBlog(r ))

= Pr(logdet(IBnr + rL HL ²
H) < rBlog(r ))

= Pr(logdet(IBnt + rL ²
HL H) < rBlog(r ))

wherer is the SNR and whereL H is the(Bnr � Bnt) block diagonal matrix

L H =

2

6
6
6
4

H1
H2

...
� � � HB

3

7
7
7
5

:

In the above, Ç= and Ç� ; Ç� corresponds to exponential equality and inequality. For example,
y Ç= r x is used to indicate that lim

r ! ¥

log(y)
log(r ) = x. Let q = ntB and let

l 1 � l 2 � � � � � l q (23)

be an ordering of theq eigenvalues ofL ²
HL H . Note that ifnr < nt , then

l 1 = l 2 = � � � = l (nt  nr )B = 0: (24)

Let d = ([ nt  nr ]B)+ where(x)+ denotes maxf x;0g, and let thea i be de®ned by

l i = r  a i ; d+ 1 � i � q:

Then

Pout(r) = Pr(
q

å
i= d+ 1

(1 a i)+ < rB):

We will now proceed to identify a ST code, that is approximately universal for the class of
block-fading channels, i.e., a code that achieves the D-MG tradeoff of the channel model in
((22)) for every statistical distribution of the fading coef®cientsf [Hb]i; jg.

Similar construction of codes for such a setting have previously been identi®ed in [41, 42].
We adopt the code-construction technique of these papers for the most part, although the con-
struction presented here is slightly more general, for example, we permit the individual block
codes to be rectangular and offer ¯exibility with respect to number of conjugate blocks em-
ployed. Most importantly though, our proof will establish the new result that these codes are
approximately universal for the block-fading channel and parallel channels.

4.3.8 APPROXIMATELY -UNIVERSAL CODES FOR THE BLOCK -FADING CHANNEL ± CON-
STRUCTING THE APPROPRIATE CYCLIC DIVISION ALGEBRA

Let T be an integer satisfyingT � nt . Let m � B be the smallest integer such that the gcd of
m;T equals 1, i.e.,(m;T) = 1. Let K;M be cyclic Galois extensions ofQ(õ) of degreesm;T
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whose Galois groups are generated respectively by the automorphismsf 1, s1, i.e.,

Gal(K=Q(õ)) = < f 1 >

Gal(M=Q(õ)) = < s1 > :

Let L be the composite ofK, M, see Fig.57. Then it is known thatL=Q(õ) is cyclic and that
further,

Gal(L=Q(õ)) �= Gal(K=Q(õ)) � Gal(M=Q(õ)) :

Thus every element of Gal(L=Q(õ)) can be associated with a pair(f i
1;s j

1) belonging to
Gal(K=Q(õ)) � Gal(M=Q(õ)) . Let f ;s be the automorphisms associated to the pairs(f 1; id),
(id;s1) respectively. Thenf ;s are the generators of the Galois groups Gal(L=M), Gal(L=K)
respectively.

D

T

L
< s>

Tzzz
zzz

zzz < f >
m EE

EE
EE

EE

K

< f 1>
m

CC
CC

CC
CC M

< s1>
T

{{
{{

{{
{{

Q(õ)

Figure 57: Construction of the underlying cyclic-division algebra.

Let g2 K be a non-norm element of the extensionL=K, i.e., the smallest exponente for which
ge is the norm of an element ofL is T. Let z be an indeterminate satisfyingzT = g. Consider
theT-dimensional vector space

D = f zT 1`T 1 � zT 2`T 2 � � � � `0 j ` i 2 Lg:

We de®ne multiplication onD by setting` iz= zs(` i) and extending in a natural fashion. This
turnsD into a cyclic division algebra (CDA) whose center isK and havingL as a maximal
sub®eld. Every elementx = zT 1`T 1 + zT 2`T 2 + � � � + `0 in D has the regular representation

X =

2

6
6
6
4

`0 gs(`T 1) : : : gsT 1(`1)
`1 s(`0) : : : gsT 1(`2)
...

...
...

...
`T 1 s(`T 2) : : : sT 1(`0)

3

7
7
7
5

: (25)

The determinant of such a matrix is known to lie inK. Given a matrixX with components
Xi; j 2 L, we de®nef (X) to be the matrix overL whose(i; j)th component is given by[f (X)] i; j =
f ([X]i; j ): Note that in this case,

m 1

Õ
i= 0

det(f i(X)) =
m 1

Õ
i= 0

f i(det(X)) =
m 1

Õ
i= 0

f i
1(det(X)) 2 Q(õ):
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Hence if the elements̀i underlying the matrixX are in addition, restricted to lie in the ringOL
of algebraic integers ofL, then we have that

m 1

Õ
i= 0

det(f i(X)) 2 Z(õ)

so that

j
m 1

Õ
i= 0

det(f i(X)) j2 � 1: (26)

SPACE-TIME CODE CONSTRUCTION ON THE CDA

Let X be the rectangular(nt � T) ST code comprised of the ®rstnt rows of the regular repre-
sentations of the elementså T 1

i= 0 zi` i ; where` i are restricted to be of the form:

` i =
T

å
j= 1

` i; jgj ; ` i; j 2 AQAM

wheref g1; � � � ;gTg are a basis forL=K and where

AQAM = f a+ õb j jaj; jbj � (M  1); a;b oddg � Z[õ]

denotes the QAM constellation of sizeM2. Note that as a result, we have ensured that` i 2 OL .
Thus each code matrix inX is of the row-deleted form

X =

2

6
6
6
4

`0 gs(`T 1) : : : : : : gsT 1(`1)
`1 s(`0) : : : : : : gsT 1(`2)
...

...
... ...

...
`nt  1 s(`nt  2) : : : : : : gsT 1(`nt )

3

7
7
7
5

: (27)

Let Sbe the(Bnt � BT) ST code comprised of code matrices having the block diagonal form:

S=

8
>>><

>>>:

q

2

6
6
6
4

X
f (X)

...
f B 1(X)

3

7
7
7
5

; X 2 X

9
>>>=

>>>;

whereq accounts for SNR normalization. When this code matrix is in use, the received signal
over the block-fading channel is given by

[Y1 Y2 � � � YB] = [ H1 H2 � � � HB]S + [ W1 W2 � � � WB]: (28)
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This can also be expressed in the form
2

6
6
6
4

Y1
Y2
...

YB

3

7
7
7
5

= q

2

6
6
6
4

H1
H2

...
HB

3

7
7
7
5

2

6
6
6
4

X
f (X)

...
f B 1(X)

3

7
7
7
5

+

2

6
6
6
4

W1
W2
...

WB

3

7
7
7
5

; (29)

in which the channel matrix is of block-diagonal form. This latter form is convenient when
comparing the block-fading channel with the parallel channel.

PROOF OF OPTIMALITY

We will now show that the ST codeS is approximately universal for the class of channel models
described by (22). From information rate considerations we must have(M2)mT2

= r rBT ; i.e.,
M2 = r

rB
mT . Also, sinceq2M2 := r , we haveq2 := r 1 rB

mT .

We next examine the error performance of the code. Let

H = [ H1 H2 � � � HB]

and letDS= S1  S2 whereS1;S2; are two distinct code matrices belonging toS. We have the
following expression for the squared Euclidean distance:

d2
E = q2Tr

"
HDSDS² H² �

= q2Tr
"
L HDSDS² L ²

H

�

� q2
ntB

å
i= 1

l i  i

by the mismatched eigenvalue bound, where 1 �  2 � � � � �  ntB are the ordered eigenvalues
of DSDS² :

Let DÃX be theT � T matrix that corresponds toDX in the sense that it would have been the
matrix obtained if in constructing the ST codeX, we had not deleted the bottom(T  nt)
rows from the regular representations of the elementså T 1

i= 0 zi` i . Correspondingly, letDÃSbe the
(BT � BT) matrix

DÃS =

2

6
6
6
4

DÃX
f (DÃX)

...
� � � f B 1(DÃX)

3

7
7
7
5

:

By the inclusion principle of Hermitian matrices, the smallestBnt eigenvalues ofDSDS² are
term-by-term larger than the corresponding smallestBnt eigenvalues ofDÃSDÃS² , i.e.,

 Bnt  k+ 1 � nBT k+ 1; 1 � k � Bnt ;
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wheren1 � n2 � � � � � nBT are the eigenvalues ofDÃSDÃS² .

Next, letDÃÃSbe the(mT� mT) matrix obtained by further extendingDÃSto include allm ªcon-
jugatesº ofDÃX, i.e.,

DÃÃS =

2

6
6
6
4

DÃX
f (DÃX)

...
� � � f m 1(DÃX)

3

7
7
7
5

:

Let Ãni , 1 � Ãni � mT, be the eigenvalues ofDÃÃS[DÃÃS]² ordered such that

Ãni = ni ; 1 � i � BT:

Then for every 1� J � q = Bnt , we have

d2
E � q2

J

å
i= 0

l q i  q i � q2
J

å
i= 0

l q inBT i = q2
J

å
i= 0

l q i ÃnBT i Ç� q2" J

Õ
i= 0

l q i
� 1

J+ 1
" J

Õ
i= 0

ÃnBT i
� 1

J+ 1

:=
" J

Õ
i= 0

l q i
� 1

J+ 1

(
ÕmT

i= 1

"
q2Ãni

�

ÕBT J 1
i= 1

"
q2Ãni

�
ÕmT

i= BT+ 1

"
q2Ãni

�

) 1
J+ 1

�
�

r  å J
i= 0aq i (q2)mT

r mT (J+ 1)

� 1
J+ 1 := r

dJ
J+ 1

where

dJ = mT(1 
rB
mT

)+ J+ 1 mT 
J

å
i= 0

aq i = J+ 1 rB  
J

å
i= 0

aq i =
q

å
i= q J

(1 a i)  rB:

In this derivation we have made use of the fact that the product of the eigenvalues is equal to
the determinant and of the non-vanishing determinant property enunciated in (26). We will now
show that if the block-fading channel is not in outage, that for someJ, 1 � J � q; dJ > 0.

Suppose
q

å
i= 1

(1 a i)+ � (r + e)B: (30)

Clearly for somei, a i < 1. Sincea1 � a2 � � � � � aq, assumea1 � a2 � � � � � aq J 1 � 1; and
a i < 1; i � q J. Then (30) becomes

q

å
i= q J

(1 a i) � (r + e)B

and this causes the correspondingdJ � eB hence leading to negligible error probability when
not in outage. By taking the limit ase ! 0 we see that the probability of error is negligible
in the no-outage region. This proves that the space-time codeX achieves the DMG tradeoff
regardless of the statistical distribution of the fading coef®cients that comprise the matrices
f Hbg, i.e., proves approximate universality of the constructed ST code.
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4.4 SUMMARY OF SECTION 4

This section ®nally presented four main contributions:

� In Section 4.1, we have provided two simple but yet ef®cient cooperation schemes, specif-
ically suited to ®t the strict limitations placed by the hardware setup of demonstration
platform. Both schemes exhibit notable characteristics in terms of achievable rates, re-
liability, and most importantly, simplicity of implementation. This is expected to allow
our demonstration to perform well. This is indeed very important for SENDORA, which
seeks to provide practical solutions to complex problems.

� Our study on amplify-and-forward relaying based on the Alamouti code has shown that
it is a good way to improve performances of transmissions with a quite low complexity.
It presents a signi®cant improvement compared with direct and simple relaying.

� We presented an adaptive transmission protocol that uses for a given triplet of nodes
(source, relay and destination) the best transmission scheme between direct transmission,
simple relaying and distributed space-time coding. It is motivated by the observation that
the major weakness of the amplify-and-forward protocol is, as for most of static protocols,
that its performances mainly depends on the relay position. In the SENDORA context,
as in all other ad hoc networks where mobile nodes can act as a relay, it happens that, no
well positioned relay exists for a given transmission.

� Section 4.3 presents a novel code design, that has been proven to meet the MISO-related
optimality bound, under a plethora of setting. The code is speci®cally implemented for
the dynamic decode and forward protocol, and is shown to accept optimality irrespective
of the number of relays, antennas, and fading statistics. This directly applies towards
SENDORA's aim to provide both practical as well as theoretical solutions.
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5 JOINT SOURCE-CHANNEL CODING AND CROSS-LAYER DE-
SIGN

In the following, we present our research on joint source-channel coding techniques and cross-
layer designs for ef®cient forwarding of sensing data. Our contributions focus on

� the design of compressive source-channel mappings which allow to convey sensing data
from the sensors to the fusion center in an ef®cient way and with low complexity;

� the design of distributed source coding, data aggregation, and forwarding techniques
which combine the optimization of the rate allocation for source-coding with routing
for a ®xed transmission cost.

5.1 LOW COMPLEXITY BANDWIDTH COMPRESSION MAPPINGS FOR SENSOR

NETWORKS

In this section, we present our research on 2:1 bandwidth-compression mappings. Bandwidth
compression mappings are a joint source-channel coding technique where two or more source
symbols are mapped directly to one channel symbol which is then transmitted over a noisy
channel. Bandwidth compression mappings are relevant for the SENDORA system since they
allow to effectively convey sensing data from the sensors to the cluster head with which they
are directly connected.

In the following, we describe three simple mappings which are easy to implement and evaluate
their performance relative to the optimal but more complex 2:1 mapping which known from the
literature.

5.1.1 SYSTEM MODEL AND DEFINITIONS

We consider the following communication problem. We have a source that produces discrete
time, continuous amplitude, memoryless and i.i.d. Gaussian samples of zero mean and unit
variance. The source is to be transmitted over an additive white Gaussian noise (AWGN) chan-
nel with a transmit power constraintP and half the bandwidth of the source. A bandwidth-
compression (2:1) mappingg(�) is then applied to map every two source symbols to one channel
symbol. For simplicity, and without loss of generality, we concentrate on an arbitrary pair of
source symbols, which we denote asS1;S2. The mapping from the source to channel symbol
spaceX can then be described as

X = g(S1;S2) : (31)

After transmission, the channel outputY is available at the receiver, with

Y = X + N; (32)

whereN is a zero-mean Gaussian random variable with variances2
0.

At the receiver, an estimator is employed to obtain the estimatesÃS1; ÃS2 for the pair of source
symbolsS1;S2 from the channel observationY,

( ÃS1; ÃS2) = d(Y): (33)
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Common estimators are the maximum likelihood (ML) estimator, de®ned as

( ÃS1; ÃS2)(ML) = argmax
S1;S2

P(YjS1;S2)

= arg max
X(S1;S2)

P(YjX); (34)

or by the minimum mean square error (MMSE) estimator, given by

( ÃS1; ÃS2)(MMSE) = Ef S1;S2jYg

=
Z Z

(S1;S2)P(S1;S2jY)dS1dS2: (35)

Note that by applying Bayes' rule the MMSE estimator is capable of taking into account side
information in form of thea priori distributionP(S1;S2):

P(S1;S2jY) =
1
C

P(YjS1;S2) � P(S1;S2);

with a normalization constantC.

A common ®gure of merit for the system model under consideration is given by the average
squared-error distortion

ÅD =
1
2

"
E

�
(S1  ÃS1)2	

+ E
�

(S2  ÃS2)2	�
: (36)

5.1.2 SOURCE-CHANNEL MAPPINGS

PERFORMANCE BOUNDS AND REFERENCE MAPPINGS

The optimal performance theoretically attainable (OPTA) of the above described Gaussian
source-channel communication system is de®ned by equating the rate-distortion function of
the source with the channel capacity and taking into account the channel-source bandwidth
ratio of 1=2: 1= ÅD = ( 1+ P=s2

0)1=2. The performance bound given by OPTA is only asymp-
totically achievable for high-dimensional (2n:n) compression mappings as n tends to in®nity.
For the case of 2:1 dimension conversion mappings, the so far best performing design has been
recently presented in [43]. The optimized mapping functions and their inverses are generated
through an iterative process, while the end-to-end MSE distortion is minimized. The resulting
mapping has performance within 0.7 dB from OPTA. In this section, we present existing results
on mapping scheme that are relatively easy to implement and we will use them as benchmarks
in the performance comparisons with our proposed simpler schemes.

The optimized mapping functions, as they were described in [43], take on different forms de-
pending on the channel signal-to-noise ratio (CSNR). When CSNR is very low, the resulting
function is so-called ªBPAMº (Block Pulse Amplitude Modulation) scheme [44][45]. That is,
we simply skip one sample of the source sample pairS1;S2 and transmit the remaining one over
the channel using PAM. At the receiver, MMSE estimation is applied to produceÃS1 while ÃS2 is
set to 0.

Page 93/127



Project:
EC contract:

SENDORA
216076

Deliv. ref.:
Deliv. title:
Deliv. version:
Submission date:

D5.2
Report on Algorithm Development
1.0
11.01.2010

S2

S1

�

Figure 58: The Shannon Kotel'nikov Mapping

As CSNR increases, the mapping function begins to have the form of a two-armed spiral. This
function can be approximated using the following closed-form expression, also known as the
Archimedes' spirals or Shannon Kotel'nikov Mapping [46]:

r+ (q) =
D
p

q; r (q) =
D
p

(q+ p) (37)

wherer� are the radii of the positive and negative spiral arms,q is the angle from the origin to
a point on the spiral andD is the distance between the arms (see Figure 58). The Archimedes'
spiral can be optimized by selecting the appropriateD for a given CSNR. Using the squared
angle of the spiral as the channel symbol, with MMSE estimator [47], the performance of this
mapping scheme is less than 1 dB away from the OPTA for CSNR from 5 to 35 dB.

L INES

The source-channel mapping introduced in this section uses scalar quantization for one of the
two source samples and superposition signaling to map the quantized source sample together
with the other source sample to the channel symbol.

Let in the followingS2 denote the source sample, which is quantized, and let us consider uni-
form (scalar) quantization with 2Nq + 1 levels and a quantization step sizeDq such that we get
is2 2 f 0; � 1; � 2; : : : ; � Nqg as quantization index forS2, with

is2 = round
�

S2

Dq

�
:

The indexis2 and the sampleS1 are now mapped to the channel symbolX as follows:

X = K1

�
is2 + K2( 1) is2 � l is2(S1)

�
;

whereK1 is a normalization constant which accounts for the power constraint Ef X2g � P, and
K2 2 [0;1] speci®es the width of the interval in the signal space which is used to representS1. In
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order to make the signal-space mapping ef®cient we employ a clipping functionl is2(:) to limit
the dynamic range ofS1. It is parameterized byis2 and is given as

l is2(S1) =
sgn(S1)

2
� min

 

1;
jS1j

p
R2  (Dq � is2)2

!

;

where the parameterR gives the maximum dynamic range for the samplesS1;S2. In order to
get a tractable parameterization for the mapping, we assume furthermore that the quantization
step sizeDq is determined byRsuch that we get

Dq =
R
Nq

:

The resulting source-channel mapping is shown in Figure 59.

1

2

3

4

5

1 23 45

S2

X0

R S1

K 1 K 1 � K 2

Figure 59: Source-channel mapping with parallel lines.

The goal is to minimize the distortion subject to the power constraint Ef X2g � P. The opti-
mization involvesNq, specifying the number of quantization levels, the dynamic rangeR, and
the widthK2 of the interval which is used to representS1 in the channel signal space.

CIRCLES

The circle mapping essentially quantizes the source signal space spanned byS1;S2 by using
concentric rings. In order to do so, a pair of source samplesS1;S2 is mapped to a pointÄS1; ÄS2
on the closest ring in the neighborhood ofS1;S2 which has the minimum distance to the point
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S1;S2 in the signal space. This can be described mathematically in the following way: ®rst, the
source sample pair is converted into polar coordinates as

r =
q

S2
1 + S2

2 and q = tan
�

S2

S1

�
: (38)

Then, the amplituder is quantized intoIr levels by a scalar quantizer such that

ir = argmin
i

jr  r i j ; (39)

where the centers of the quantizer bins are given byr i ; i 2 f 0; Ir  1g. The reconstruction points
ÄS1; ÄS2 are accordingly given by

ÄS1 = r ir � cos(q) and ÄS2 = r ir � sin(q):

This quantization step is illustrated in Figure 60.

13 42

2 431

S2

S1

0

�

(s1; s2)

X
� s � s +� g 2 � � s +� g

(~s1; ~s2)

X (~s1; ~s2)

i r = 1
i r = 0

Figure 60: Source-channel mapping with concentric circles.

A channel mapping is now applied to map the indexir and the phaseq into the channel signal
space. The mapping considered in this paper is based on supersposition signaling and can be
described as follows:

X = sgn(q) �
��

( 1) ir

�
jqj
p

 
1
2

�
+

1
2

�
Ds+ ir (Ds+ Dd)

�
; (40)

It is illustrated in Figure 60 forq > 0. Note that the mapping is symmetric inq for ®xedir .

As we can see from Figure 60, the points of each half ring are mapped on an interval of width
Ds. The intervals are not overlapping and separated by guard intervals of widthDg. In order
to avoid high distortion ifq � 0 or q � p, the sign for mapping the intervaljqj 2 [0;1] into the
channel space oscillates withir . This can be veri®ed with help of Figure 60, when considering
the special case where the signal point ª2º is transmitted and the signal point ª3º is received. In
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this case the channel error will rather affect the indexir than the angleq; i.e., a reconstruction
point near the point ª3º will be created while a reconstruction point around ª4º will be avoided.

In order to simplify the design of the mapping, we assume in this paper linear spacing of the
rings; i.e., we haver i = R� (i + 1): The optimization of the mapping aims at minimizing the
distortion at the receiver for a given decoder and a given channel parameter subject to the power
constraint Ef X2g � P and involves the number of the ringsIr , the spacing of the ringsR, and
the widths of the intervalsDs andDg.

WHEEL

The mapping converts a pair of source samplesS1;S2 into a channel symbol as follows. First, the
source sample pair is converted into polar coordinates as in (38). Next, the angleq is quantized
into 2Iq levels by a scalar quantizer such that

iq = argmax
i

jq  qi j ; (41)

where the centers of the phase quantizer bins are given byqi = i p
Iq

; i 2 f  Iq; Iqgn0. The radius
component is clipped with a hard limiter tormax and a sign is applied as

r � =

8
<

:

min
�

r
rmax

;1
�

iq odd

1 min
�

r
rmax

;1
�

iq even:
(42)

The channel inputX is then given as the superposition

X = sgn(iq)Dg + ( Dg + Ds) ( iq  sgn(iq)) + sgn(iq)Dsr � : (43)

A visualisation of the mapping can be found in Figure 61. The quantization of phase to 2Ir
levels and the limitation of dynamic range tormax can be considered as a compression step,
which is then followed by a channel mapping (43). The optimisation of the mapping involves
the minimisation of the distortion subject to the power constraint E

�
X2

	
by the way of tuning

the two compression phase parameters, along withDs andDg. Figure 61 also illustrates how the
source symbol (43) is constructed to alternate the sign ofr� such that channel errors causing the
estimate to lie on an erroneous indexiq will cause less distortion, especially whenIr is large.

5.1.3 PERFORMANCE EVALUATION

The source variance to distortion (1= ÅD) of each mapping is evaluated on channel SNRs between
5-30 dB, and the mapping parameters are optimised for each evaluated channel SNR. This
means the number of quantization steps used at different SNRs may differ for the lines, wheel,
and circle mappings. The S-K mapping, as mentioned before, changes shape as well. Here,
channel SNR is de®ned asP=s2

0. The line mapping performs equally to the S-K mapping at
low SNR, since the mappings are essentially linear in the low SNR range. The circle and wheel
mappings perform within 0:5 dB of the S-K mapping at low SNR. At high SNR the wheel
mapping performs clearly worst.
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S1

i � = 2

i � = 1

rmax

i � = " 1

0

(s1; s2)

X ( ~s1; ~s2)

� g

( ~s1; ~s2)

� s + 2� g 2� s + 2� g

Figure 61: Source-channel mapping with wheel spokes.

5.1.4 DISCUSSION

In this section, we discuss the mapping complexity in terms of implementing the different map-
pings.

All mappings incorporate limiters and nonlinear transforms, and the resulting MMSE estima-
tors, as implementations of (35) are not easily available. As a result, numerical integration to
implement the estimators has been used in this paper. The complexity of this is comparable for
all tested mappings.

In terms of the encoder, each of the Lines, Circles and Wheel mappings performs a quantization
of one of two signal components, the latter two for signal components in polar coordinates.
This is followed by a superimposing of the quantized and analog components into the channel
symbol, with appropriate weights. The Lines mapping, thus, is the simplest of the three to
implement due to the lack of cartesian to polar transformation.

The situation is somewhat more complicated in the S-K mapping case. As the other mappings,
the position of the source symbols on the 2-D plane is transformed into polar coordinates. The
actual mapping process can be carried out for example in the two following steps for ®nding the
ML projection. A coarse search is done ®rst to determine which spiral arm the projection falls
onto, using the phase and radius information of the original position. Re®nement can then be
made around the coarse point to determine the actual projected position that has a tangent that
is orthogonal to the radius of the original position.

Another important issue in implementation is adaptivity. The mappings presented in this paper
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Figure 62: Distortion performance of the mappings.

are designed for an single i.i.d. source with certain variance. Consider now the situation where
we want to transmit two independent sources ofdifferent varianceson to one channel symbol.
In the case of the wheel and circle mappings, the samplesS1;S2 can be transformed into elliptic
coordinates. Note that the line mapping is still applicable without any changes. It is however
more complex in the case of the spiral, since an elliptic shape results in different distortion
contribution to the two sources. How optimization of the spiral mapping should be performed
in this case is a question remains open. And the optimal 2:1 mapping may take on a completely
different form, as noted in [48] where the optimal mapping shapes like a sinusoid. If the two
sources are also correlated, all mappings can be adjusted by rotating the coordinate system ®rst
according to the covariance of the samplesS1;S2.

5.2 DISTRIBUTED SOURCE CODING, AGGREGATION , AND FORWARDING

5.2.1 SYSTEM MODEL , ASSUMPTIONS, AND PROBLEM FORMULATION

We consider the energy-based sensor model so that thei-sensor performs a measurement using a
certain number ofM samples, depending on the allowed sensing time, obtaining a measurement:

Xc
i =

M

å
t= 0

jxi(t)j2

where the value ofxi(t) depends on whether the PU is present or not, that is:

H0 : xi(t) = ni (44)

H1 : xi(t) = his(t)+ ni (45)

Assuming thatM � 10, it is well known the fact thatXi can be well approximated by Gaussians,
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Figure 63: In this example, data from nodesX1;X2; : : : ;XN need to arrive at a querying node
S. A rateRi is to be allocated at each nodeXi . In thick solid lines, a chosen tree
transmission structure is shown. In thin dashed lines, the other possible links are
shown, assuming a certain connectivity range for each sensor

namely:

H0 : Xc
i � N (0;s2

i ) (46)

H1 : Xc
i � N ( i ;s2

i ) (47)

where i = h2
i

s2
i

and s2
i is the variance of the noiseni . Each sensori quantizes the sensing

information yielding the variableXi = Q(Xc
i ).

In this section, we assume that there is spatial correlation between the variablesX1;X2; : : : ;XN,
whereN is the number of sensors. We assume that the random variables are continuous and that
there is a quantizer in each sensor (with the same resolution for each sensor). A rate allocation
(R1; : : : ;RN) (eachRi is expressed in bits) has to be assigned at the nodes so that thequantized
measured information samples are described losslessly, so that they can be fully reconstructed at
the querying node, which could be one of the following: Fusion Center (centralized scenario),
Cluster Head (cluster-based scenario) or a cognitive user (ad-hoc case) querying for sensing
information. This information has to be transmitted through the chosen links to the designated
base station. We abstract the communication structure to a connectivity graph with point-to-
point links given by the edges of the graph (see Figure 63, where the edges are determined by
either the transmission range of nodes, or the by thek-nearest neighborhood). In other words,
we assume basically a simpli®ed communication model with a medium access control (MAC)
protocol, which makes sure that there are no collisions or interferences at a node. A meaningful
cost function to minimize is the energy consumption, which is essentially given by the sum of
products [function(rate)]� [link weight], for all the links and node rates used in the transmis-
sion. Here, the weight of the link between two nodes is a function of the distanced between the
two nodes of the link (e.g.kdn or kexp(nd), with k, n constants that depend on the transmis-
sion medium properties). Here we consider a simple function of the rate for simplicity, namely
F(R) = R, but the same results follow for any monotonically increasing function of the rate,
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as for instance,F(R) = eR, which corresponds approximately to point-to-point links in noisy
wireless networks9.

Regarding the correlation structure that is assumed, this is based on the well known statistical
models of spatially correlated shadow-fading patterns in wireless systems. Two sensors will
have correlated information if they are within the spatial decorrelation distance of the shadowng.
We use the classical model by Gudmundson, where the log-normal shadowing is modeled as a
Gaussian white noise process that is ®ltered with a ®rst-order low-pass ®lter, which results in a
®rst-order Markov model. With this model,

Wk+ 1 (dB) = xWk (dB) + ( 1 x)vk

whereWk+ 1 (dB) is the mean envelope level or mean square-envelope level (in dB) that is expe-
rienced at locationk, t is a parameter that controls the spatial correlation of the shadowing, and
vk is a zero-mean i.i.d. Gaussian random variable with a certain variance. it follows easily that
the spatial correlation function can be modeled as:

f W(dB)W(dB) (k) = b:xjkj

As it is well known, the spatial correlation decreases with the operating frequency. As an
example, for typical suburban propagation at 900 MHz, it has been experimentally veri®ed that
two nodes that are located at a distance of 100 m. are correlated with a strong correlation
coef®cient of 0.82. On the other hand, when the frequency is 1700 MHz, there is a lower
correlation coef®cient of 0.3 for two nodes located at a distance of 10 m.

Our goal is to ®nd the ratesf R?
i g and the Spanning TreeST? that minimize the total Transport

Cost, namely:

ff R?
i gN

i= 1;ST?g = arg min
Ri ;ST

N

å
i= 1

RidST(i;S)

wheredST(i;S) is the total communication cost for transmitting one bit through the various links
that exist from the sensori to the sink nodeS.

There are two complementary approaches that can be used in this problem. In the ®rst approach,
nodes can exploit the data correlation by receiving explicit side information from other nodes
(for example, when other nodes use a node as relay, their data is locally available at that relaying
node). Thus, the correlation structure is exploited through communication and joint aggregate
coding/decoding locally at each node. We call this approach theexplicit communicationap-
proach. In this case, data coding can be performed in a simple way and relies only on locally
available data as side information. However, optimizing the transmission structure becomes
complex. Notice that it is actually not necessary to know the correlation structure a priori in this
case because the correlation structure is learnedexplicitly in a distributed manner through the
explicit communication itself. This leads to a simple source coding, however the transmission
structure optimization becomes hard, due to the interplay between conditional encoding and
routing as a consequence of the spatial correlation. The second approach is to allow nodes to
use joint coding of correlated data without explicit communication (this is possible by using

9We can write the maximum rate that can be transmitted over a channelR= 1
2 log(1+ Ps

Pn
) wherePs is the power

of the transmitted signal, andPn is the power of the interference noise; in practice,Pn depends on the transmission
distance. ThenPs � eR � Pn.
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Figure 64: All edges have length 1. TheTSP(b) outperforms theSPT(a) if R> 2r.

random binning coding strategies, namely, using Slepian-Wolf coding for all the sources. With
this approach, ®nding the optimal transmission structure turns out to be simple, because the
joint problem of optimizing the transmission structure and the source coding becomes decou-
pled and can be solved in a separable manner; however data coding becomes complex and
global knowledge of the network structure and the correlation structure is needed for an optimal
solution.

5.2.2 CODING BY EXPLICIT COMMUNICATION

In this case, each sensor node codes its own sensing data by conditioning on data from its
subtree. In order to illustrate this, if we consider Fig. 63, then, given the chosen routing
structure, the resulting rates areR3 = H(X3), R2 = H(X2jX1) andR1 = H(X1jX2;X3). Notice
that due to the existence of spatial correlation, the ratesf RigN

i= 1 are affected by the choice of
the routing structure, which makes the optimization problem complex.

Consider for instance the simple example provided in Fig. 64 shows that even in simple network
cases, ®nding good correlated data gathering structures is not trivial at all. Let us assume here
in this example thatH(Xi) = Rwhen no side information is available from other nodes and that
only H(Xi jXj1; : : : ;Xjk) = r � Rbits,8k, are needed if the nodei has side information available
coming from at least another node, which uses nodei as relay. We denote byr = 1 r=R the
correlation coef®cient. If the data were independent, the shortest path tree (SPT) would be
optimal (see Figure 64 (a)). However, we see that in this example, ifr > 1=2, theSPTis no
longer optimal, since its cost is larger than the one corresponding to the gathering tree in Figure
64 (b). This clearly shows that there is a strong dependence with the correlation structure.

In fact, it can be shown that this joint optimization problem is NP-Hard by performing a reduc-
tion from the well known Min-Set Cover problem, which is known to be NP-Hard.

Nevertheless, we provide next two heuristic approximation algorithms that are ef®cient and we
compare them with using a Shortest Path Tree.

5.2.3 BALANCED SPT/ TSPTREE

In this approximation algorithm, the resulting Tree is a combination ofSPTandk TSP, from
the solutions obtained using simulated annealing. The solution provided by this algorithm con-

Page 102/127



Project:
EC contract:

SENDORA
216076

Deliv. ref.:
Deliv. title:
Deliv. version:
Submission date:

D5.2
Report on Algorithm Development
1.0
11.01.2010

sists of aSPTstructure around the sink that has a certain radius and a set ofTSPpaths starting
from each of the leaves of theSPT. Depending on the amount of correlation, that is the value of
r , a certain radius for theSPTis more appropriate. We brie¯y describe the intuition why there
is such a value for this radius. Since the leaf nodes contribute most to the cost (R> r), then in
order to minimize the cost, the ¯ows ofRdata coming from the leaves of the tree have to travel
short paths to the sink (theSPTeffect), but at the same time through as many nodes as possible,
to reduce the total number of leaves (theTSPeffect). On the other hand, when the correlation
is large (r is small), the effect of transporting ¯ows ofr data through the tree is negligible, so
it is essential to have as many in-tree nodes as possible, thus theTSPeffect is more important,
whereas when the correlation is small (r is large), it is more important that the data from in-tree
nodes reach the sink on shortest paths, and thus theSPTeffect becomes more pronounced.

Algorithm 1 SPT/TSP Balanced Tree:

� Build the SPT for the nodes that are in a radius q(r ) from the sink. Denote this SPT by
ST. The optimal choice for the radius q(r ) decreases with the increase of the correlation
coef®cientr .

� Let VST denote the nodes in ST. Let VTS= VnVST.

� While VTS6= /0

± Denote by L the set of leaves of ST.

± f i0; l0g = argminf i2L;l2VTSg (d(l ; i) + dST(i;S)) .

± ST= ST[ (i0; l0);VST = VST [ f i0g;VTS= VTSnf i0g.

This is actually a suboptimal nearest neighbor approximation of thek  TSP, which is easily
implementable in a distributed manner.

5.2.4 LEAVES DELETION APPROXIMATION

This algorithm is a simpli®ed version of theTSP/SPTalgorithm. Namely, this algorithm con-
structs ®rst the globalSPT, and then uses one-hopTSPpaths from the outer nodes of theSPT. It
is based on the observation that good cost improvements may be obtained mainly by making
the leaf nodes change their parent node to some other leaf node in their neighborhood. This
operation is done only if it reduces the total cost of the whole tree.

Algorithm 2 Leaves deletion algorithm (LD):

� Initialize ST ! SPT. Each node i maintains its parent, number of children, and total
distance dST(i;S) on the current spanning tree to the sink. Let par(i) denote the parent
node of node i.

� While there is a decrease in cost:
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Figure 65: Average total cost decrease 100� ( cSPT
cLD

 1), in %, of leaves deletion (LD) over
shortest path tree (SPT) for (a) r = 0:9 andN = 10;20;50;100;200;500, and
(b) N = 200 andr = 0;0:1; : : : ;1.

± For eachleaf node i: Find the leaf node j2 N (i) that maximizes R(dST(i;S) +
dST( j;S))  (R(di; j + dST( j;S))+ rdST( j;S))  I (i), where I(i) is an adjustment term
indicating the cost lost by transforming single parent nodes into leaves. If the max-
imizing quantity is positive, then assign par(i) ! j and update the corresponding
distances on the tree to the sink, and number of children, for all the three nodes
involvedf i, former par(i), jg.

� Endwhile.

This algorithm involves a small number of iterations afterSPTis computed, and is fully dis-
tributed. Note that a known good approximation for the geometricTSPis to start from the
minimum spanning tree (MST) and eliminate the leaves by successively passing the traveling
salesman path through them. Here, we can see that a simpli®ed similar procedure provides good
results in our case as well, which con®rms the link between our problem and theTSP.

5.2.5 PERFORMANCE OF THE ALGORITHMS

Our simulations were done in MATLAB for a network of nodes randomly distributed on a
100� 100 grid, with a valuen = 2 for the power of the distance. We consider several sizes of the
network, fromN = 10 up toN = 500 nodes, and various values for the correlation coef®cient
r among the nodes, within the intervalr 2 [0;1]. As mentioned before, the algorithm that is
used for ®nding theSPTin a distributed manner is a distributed version of the Bellman-Ford
algorithm, which runs inO(NjEj) steps. The actual speed of convergence depends on the degree
of each node in the graph, which in turn depends on the rangeN (i) over which nodes search for
neighbors. For the graph structures we consider, Bellman-Ford runs in an average of 50 steps
for a network size of 500 nodes.
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Figure 66: Data gathering tree algorithms on a network instance:N = 500, r = 0:8: (a)
Shortest path tree (SPT), (b) Greedy algorithm, (c) Leaves deletion (LD), (d)
Total cost. The total cost when the nodes transmit their data directly to the sink
is one order of magnitude larger.
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Figure 67: Data gathering tree algorithms on a network instance:N = 100, r = 0:5: (a)
Shortest path tree (SPT), (b) Leaves deletion (LD), (c) Simulated annealing,
(d) Total ¯ow cost. Costs for this instance:SPT: 3.52e+6; LD: 3.36e+6; SA:
3.31e+5.
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Figure 68: Approximated gathering trees on a network instance:N = 200, r = 0:2:
(a) Shortest path tree (SPT), (b) Leaves deletion (LD), (c) SPT=TSP algo-
rithm. Costs for this instance:SPT: 2.74e+5;LD: 2.36e+5;SPT/TSP: 2.15e+5.
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Figure 69: Average ratios of total costs between leaves deletion (LD) andSPT, and between
balancedSPT/TSPandSPT: r = 0:7.

Our experiments show important average improvements of theLD algorithm over theSPTfor
nodes randomly distributed on a 100� 100 grid (see Figures 65±68). The computational load of
LD is small, namely at most 4 iteration steps after theSPTare required for its implementation,
while the algorithm is still distributed. It also outperforms the greedy algorithm (see Figure
66). In this experiments, the sink is located at the center of the grid. Similar performances are
obtained when the sink is situated outside the network area.

It can be seen that some clearly non-optimal patterns appear on the gathering tree solutions
obtained using ourLD heuristic algorithm. This is due to the fact that there are cases when
leaf nodes do not have other close leaves on the graph, unless they choose leaves for which the
corresponding connecting edge crosses over some already existing edges.

When comparing the various heuristic algorithms with the simulated annealing solution, which
is expected to provide results close to optimal, we notice that our simple heuristic algorithms
perform relatively well, while being completely distributed, scalable and ef®cient from a com-
plexity point of view (see Figure 67). Note that it is possible that simulated annealing did not
provide the optimal solution either, but it is expected to do so with the right scheduling policy
and with a long enough running time.

We show in Figure 68 some simulation results for theSPT=TSPalgorithm. For networks with
r = 0:2 andN = 200, the improvements are of the order of 10% over theLD algorithm. As the
simulated annealing results suggest, a good tree solution has a small number of leaves, but at
the same time short paths to the sink. Solutions for a network instance are shown in Figures
67±68. In Figure 68(c) we plot the branches in theSPTsubtree in solid lines, and the branches
added in the step involvingTSPpaths are shown in dashed lines. The value of the radiusq(r )
that has been chosen has been calculating assuming a square grid (uniform) topology, in which
case, the optimal value of the radius can be estimated exactly, thus, for a non-uniformly spaced
architecture, this radius is an approximate value to the optimal one.

Figure 69 shows important improvements of theLD and theSPT/TSPalgorithms overSPT, in
terms of average performance over randomly generated networks.
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5.3 NETWORKED SLEPIAN -WOLF CODING ALGORITHMS

In this case, the ratesf Rig that can be allocated at the nodes have to satisfy the Slepian-Wolf
bound, namely:

å
i2U

Ri � H(U jUC)

for all subsetsU � V. Since the coding is performed through binning (cosets codes), the nodes
in this case do not collaborate for the purpose of coding and the communication between nodes
is used only to transport information. Thus, coding and routing are decoupled. Once the rate
allocation is®xed, the best way to transport the data from any node to the sink is to use the
shortest path. Minimizing the sum of costs under the Slepian-Wolf constraints becomes equiv-
alent to minimizing the cost corresponding to each node independently. Since the shortest path
tree is a superposition of all the individual shortest paths corresponding to the different nodes,
it is optimal for any rate allocation that does not depend on the transmission structure, which is
the case here. Therefore, because of the decoupling between coding and routing, the Shortest
Path Tree (SPT) is the optimal routing structure.

For the single-sink data gathering, since the SPT is the optimal routing structure, our problem
consists of minimizing:

å
i2V

RidSPT(i;S) (48)

wheredSPT(i;S) is the total cost of the (multi-hop) path from sensor nodei to S on the SPT,
under the constraints for the various rates being:

å
i2U

Ri � H(U jUc) (49)

for any of the 2N  1 subsetsU � V.

Therefore, since itdSPT(i;S) are given (e.g. through a distributed Bellman-Ford algorithm), it
follows that the minimization of (48) becomes now a linear programming (LP) problem.

Suppose, without loss of generality, that nodes are numbered in increasing order of the total
cost of their path to the sink on theSPT, that is:

(X1;X2; : : : ;XN) with dSPT(X1;S) � dSPT(X2;S) � � � � � dSPT(XN;S):

Thus, nodesX1 andXN are respectively the nodes corresponding to the smallest and the largest
total weight in theSPTto the sink. A network example with nodes numbered as above is shown
in Figure 70.

The solution of this LP program can be readily obtained resulting in the rates:

R�
1 = H(X1);

R�
2 = H(X2jX1);

: : : : : : : : : (50)

R�
N = H(XNjXN 1;XN 2; : : : ;X1):
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Figure 70: Nodes are ordered 1; : : : ;N with increasing total weight of their path in theSPT
to the sinkS. For an optimal rate allocation, nodei + 1 is assigned an entropy
rate obtained by conditioning its data on data measured at nodesi; i  1; : : : ;1.
Even if nodesi + 1 andi are consecutive in the ordering, they are not necessarily
in each other's neighborhood.

Even in the case of having a non-linear dependence of the rate (e.g.F(R) = exp(R)), as long as
the dependence is a monotonically increasing function, this optimal allocation of rates can also
be found.

Notice that even if the solution can be provided in a closed form, a distributed implementation
of the optimal algorithm at each node implies knowledge of the overall structure of the network
(total weights between nodes and total weights from the nodes to the sink). This knowledge is
needed (see Figure 70):

1. Ordering the total weights on theSPTfrom the nodes to the sink: each node needs its index
in the ordered sequence of nodes in order to determine on which other nodes to condition
when computing its rate assignment. For instance, it may happen that the distance on the
graph between nodesXi andXi 1 is large. Thus, closeness in the ordering on theSPT
does not mean necessarily proximity in distance on the graph.

2. Computation of the rate assignment:

Ri = H(Xi jXi 1; : : : ;X1) = H(X1; : : : ;Xi)  H(X1; : : : ;Xi 1)

Note that for each nodei we need to know locallyall distances among the nodesX1; : : : ;Xi ,
i > 1, in order to be able to compute this rate assignment, because the rate assignment
involves a conditional entropy including all these nodes.

This implies that, for a distributed algorithm, global knowledge should be available at nodes,
which might not be the case in a practical situation.
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Figure 71: Typical behavior of the ratio of the total costs costSW(N)=costEC(N), that is,
Slepian-Wolf versus Explicit Communication

However, notice that if the correlation decreases with distance, as it is usual in sensor networks,
it is intuitive that each nodei could condition only on a small neighborhood, incurring only
a small penalty. This leads us to propose the following distributed heuristic approximation
algorithm, which avoids the need for each node to have global knowledge of the network, and
which provides solutions for the rate allocation which are very close to the optimum.

Algorithm 3 Approximated Slepian-Wolf coding:

� For each node i, set the neighborhood range k (only k-hop neighbors).

� Find the SPT using a distributed Bellman-Ford algorithm.

� For each node i, using local communication, obtain all the information from the neigh-
borhoodNk(i).

± ®nd in the neighborhoodNk(i), the setCi of nodes that are closer to the sink, on the
SPT, than the node i itself.

± transmit at rate R²i = H(Xi jXj ; j 2 Ci), using sub-optimal codes.

Fig. 71 shows the typical behavior of the ratio of total costs for the two coding approaches
(Explicit Communication and Slepian-Wolf), for different types of correlation scenarios.

NUMERICAL SIMULATIONS

We present numerical simulations that show the performance of our approximation algorithm
for the case of single-sink data gathering. We consider the data model introduced before, given
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Figure 72: Slepian-Wolf coding: average value of the ratio between the optimal and the
approximated solution, in terms of total cost, vs. the neighborhood range. Every
network instance has 50 nodes uniformly distributed on a square area of size
100� 100, and the correlation exponent varies fromc= 0:001 (high correlation)
to c = 0:01 (low correlation). The average has been computed over 20 instances
for each(c; radius) value pair.

0 10 20 30 40 50 60 70
0

1

2

3

4

5

6

7

Node number

R
at

e 
al

lo
ca

tio
n

Optimal rate allocation, Slepian-Wolf coding
Approx. rate allocation, Slepian-Wolf coding 
Rate allocation, coding with explicit communication
Rate allocation, independent coding

Figure 73: Average rate allocation for 1000 network instances with 75 nodes, and a cor-
relation exponentc = 0:0008 (strong correlation). On the x-axis, nodes are
numbered in increasing order as the total weight from the sink increases, on the
correspondingSPT.
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by a multi-variate Gaussian random ®eld, and a correlation model where the inter-node corre-
lation decays exponentially with the distance between the nodes.

More speci®cally, we use an exponential model of the covarianceKi j = exp( cd2
i; j ), wheredi; j

denotes the distance between nodesi and j, and several values for the correlation exponentc.
The weight of an edge(i; j) is wi; j = d2

i; j . Figure 72 presents the average ratio of total costs
between the Slepian-Wolf approximated solution using a neighborhood ofN1(i) for each node,
and the optimal one. In Figure 73, we show a comparison of our different approaches for the
rate allocation, as a function of the distances from the nodes to the sink. Note that the slight
increase in rate allocation with Slepian-Wolf coding for the furthest nodes from the sink is a
boundary effect, namely nodes that are at the extremity of the square grid simulation area that
we use have a smaller number of close neighbors on which to condition, as compared to nodes
which are located at an intermediate distance from the sink.

5.4 SUMMARY OF SECTION 5

In this section, we have presented mainly two lines of work:

1. We analyzed the performance of low-complexity bandwidth-compression mappings
which are well suited for application in the SENDORA sensor network. Speci®cally,
the proposed mappings allow sensors which are directly connected to a cluster head (or
fusion center) to convey the sensing data ef®ciently and with an extremely low transmis-
sion delay. The proposed schemes are simple to implement and show a reasonable good
performance compared to the best known practical scheme.

2. We presented furthermore three algorithms for source coding and routing which aim at
providing ef®cient transmission of the sensing data through the network for a given ®xed
budget of transmission costs. While the ®rst two algorithms try to optimize the rate
allocation and the choice of the routing tree jointly, the third algorithm ®rst decides the
routing tree and applies Slepian-Wolf coding. As shown in our results, all algorithms
allow to reduce the transmission costs compared to explicit communications.
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6 RECOMMENDATIONS FOR THE SENDORA SYSTEM

In this report, we have presented several cooperative communications schemes which were
speci®cally designed to be feasible for the SENDORA system. The schemes we recommend
for implementation in the SENDORA system are

� Scheme 1, the adaptive distributed channel coding scheme described in Section 3.5,

� Scheme 2, the cooperation schemes based on selection combining and space-time block
codes proposed in Section 4.1, and

� Scheme 3, the adaptive amplify-and-forward scheme combining direct communication,
conventional relaying, and cooperative relaying with space-time block codes as described
in Section 4.2.

Among the joint source-channel coding schemes and the cross-layer algorithms we recommend
to consider in the SENDORA system

� Scheme 4, the proposed 2:1 bandwidth compression schemes due to their simplicity and

� Scheme 5, the ªBalanced SPT/TSP Balanced Algorithmº as well as the ªLeaves Dele-
tion Algorithmº for combined routing and resource allocation under communication cost
constraints since they ef®ciently reduce the communication costs.

The performance of the recommended algorithms in terms of improvement in sensing perfor-
mance will be evaluated in deliverable D5.3,Report on Performance Evaluation.

For the recommended cooperative communications schemes, we provide in the following a dis-
cussion comparing the schemes w.r.t. their complexity, transmission delay, and the adaptability.

6.1 COMPARISON OF SCHEMES 1-3 AND DISCUSSION

Complexity at of the Encoder Assuming that all schemes are using similar channel coding
and modulation techniques, the encoding complexity is the same for all schemes. However,
since the Schemes 1 and 2 require the relays to decode, it is recommended to apply more
sophisticated channel codes like LDPC or Turbo codes to make the source-to-relay links as
reliable as possible. On the other hand, convolutional codes may be suf®cient for Scheme 3 if
they provide ful®l the required end-to-end reliability.

Complexity at the Relay The lowest complexity at the relay is required by the adaptive
amplify-and-forward Scheme 3. The received signal certainly undergoes few processing steps
to enhance the signal quality (i.e. ®ltering) before it is rescaled and retransmitted. The decode-
and-forward Schemes 1 and 2 on the other hand require additionally decoding, re-encoding and
modulation at the relay.
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Complexity at the Receiver For Schemes 2 and 3 the complexity at the decoder relies mainly
on the choice of the channel code. We can accordingly expect a low to moderate decoding
complexity here. Due to the code structure (a multiple concatenated code in some cases) which
is created by Scheme 1, we can expect a moderate to high decoding complexity for the adaptive
distributed channel code.

Transmission Delay The transmission delay in general depends on the code structure (block
coding versus convolutional coding) and the signaling which is required to adapt the coding
schemes in practice to the channel conditions. It is therefore dif®cult to estimate. However,
regarding the contribution of the processing delay to total transmission delay, we can conclude
that due to the simplicity of the relay in Scheme 3, we do not expect a long processing delay
from the relay in this case whereas for Schemes 1 and 2 at least an increased processing time
has to be taken into account.

Adaptability All of the proposed schemes can be adapted to the actual channel conditions.
The adaptation of the transmission strategies included Scheme 2 is certainly the simplest since
it requires to choose the transmission rate appropriately. Schemes 1 and 3 on the other hand
use look-up tables and require more channel-state information as Scheme 2. The most involved
adaptation mechanism is certainly employed by Schemes 1.

The results of our discussion are ®nally summarized in the comparison in Table 9.

Table 9: Comparison of Scheme 1, Scheme 2, and Scheme 3.
Scheme 1 Scheme 2 Scheme 3

Protocol DF DF AF
Complexity at the Encoder low-moderate low-moderate low-moderate
Complexity at the Relay moderate moderate low
Complexity at the Receiver moderate-high moderate low-moderate
Transmission Delay moderate moderate short-moderate
Adaptability moderate very simple simple-moderate

6.2 IMPLEMENTABILITY ON THE OPENA IRINTERFACE PLATFORM

In this section, we discuss the implementability of the proposed algorithms on the OpenAir-
Interface platform. A summary of important features of the OpenAirInterface platform can be
found in [49]. Additional information is provided in the deliverables D7.3,Integration Platform
De®nition, and D7.4,Report on WSN aided cognitive radio platform.

Scheme 1 The distributed channel coding approach which is underlying Scheme 1 is based on
Turbo codes and convolutional codes, and adaptation is performed by random puncturing. As
summarized in [49], all these techniques are supported by the OpenAirInterface platform, and
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therefore, channel coding as speci®ed in Scheme 1 is generally feasible on the hardware used
by the OpenAirInterface platform.

The implementation of the iterative decoding algorithm (see for example Figure 5) is however
not feasible at this point in time. Decoding of Scheme 1 requires that the receiver can overhear
the transmission from the transmitter to the relay in the broadcast phase and buffer the quantized
channel observations for joint decoding after the second transmission phase. Buffering of quan-
tized data like channel observations is however not supported by the platform even though it is
generally possible. In conclusion, nontrivial modi®cations of the platform would be required in
order to realize the joint decoder of Scheme 1.

Scheme 2 The simple distributed selection combining scheme described by Scheme 2 was
speci®cally designed considering the constraints of the OpenAirInterface platform. It does not
rely on buffering channel observations as the previous scheme, and it can easily be combined
with channel coding techniques which are provided by the platform.

Scheme 3 As explained above for Scheme 1, buffering of quantized data like channel obser-
vations is not supported by the platform. Since amplify-and-forward relaying relies heavily on
this feature, Scheme 3 is not feasible on the OpenAirInterface platform either.

Scheme 4 This scheme is an example for analog source-channel coding which is regarded as
interesting for sensor-network applications due to is simplicity. It requires specialized analog
transmitter and receiver processing which is however not supported by the OpenAirInterface
platform.

Scheme 5 The distributed cross-layer algorithm described in Scheme 5 requires to take rout-
ing decisions based not only on the regular communication cost of wireless links but also taking
into account simultaneously the spatial correlation that is present across different nodes of the
network, exploited through explicit conditional coding between nodes. The corresponding spa-
tial correlation across nodes will be time-varying in general and should be learned on the ¯y
by each of the nodes by building up in practice conditional histograms (empirical conditional
distributions) of their data based on data from neighbors. Therefore, the Scheme 5 explained
before, would require to build a non-trivial new cross-layer module where both routing deci-
sions and distributed source coding are performed jointly, which is not currently supported by
the OpenAirInterface platform.

6.3 RECOMMENDATIONS FOR THE VALIDATION TRIAL

For the validation trials we recommend Scheme 2. It was speci®cally designed to be applicable
under the limitations of the hardware platform as summarized in Section 2.2.3, and it was shown
to provide signi®cant performance improvements over a non-cooperative transmission schemes.
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A OMNET++ SIMULATOR ARCHITECTURE

A.1 GLOBAL COMPONENTS

A.1.1 CONNECTIVITY MANAGER

Radio connectivity management relies on the OMNeT++ mobility framework, which provides a
set of protocol entities, shared between all network nodes, to support node mobility and dynamic
connection management. Using mobile terminals location information, the network connectiv-
ity manager computes the distance between all nodes and decides whether they are in range of
each other, based on a maximum threshold distance (i.e. nodes are considered as neighbours if
the distance between them is lower than the threshold value). This optimization considerably
improves simulation times in the case of networks with a great number of nodes, as it avoids
processing signals coming from out of range nodes.

A.1.2 MOBILITY MANAGER

Nodes can move during a simulation. Mobility is handled using the OMNeT++ mobility frame-
work functionalities. In the case of static nodes, the only required information is the location of
each network node for a given con®guration. For instance:

sim.playgroundSizeX = 250
sim.playgroundSizeY = 175

sim.host[0].mobility.x = 50
sim.host[0].mobility.y = 50

means that node 0 is located at coordinates (50,50) inside a rectangular space with dimensions
250 by 175. Nodes trajectories are speci®ed by a series of line segments (Bonn mobility model),
stored in a text ®le. Each line of this ®le describes the trajectory of a node. It consists of a set
of 3-uples(t;x;y) of real numbers corresponding to times (t) and associated node position in a
planar(x;y) coordinate system. Let's take the example of a node moving along the perimeter
of a square. This motion will be speci®ed by the following text line:

0 50 50 100 100 50 200 100 100 300 50 100 400 50 50

Node positions are interpolated periodically on each line segment, depending on the value of
the updateInterval parameter of the mobility framework.

A.1.3 RADIO CHANNEL MANAGER

The radio channel manager implements a modular and evolutive wireless radio channel model.
This model subdivides the effect of the wirelesss radio channel on transmitted signals into four
components:
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� Attenuation due to slow fading / Path loss : this attenuation coef®cient depends on carrier
frequency and distance between transmitter and receiver.

� Attenuation due to slow fading / shadowing

� Attenuation due to fast fading

� Gaussian noise: receiver thermal noise

The principles of the channel model is to propose a generic de®nition of each one of these four
components and to allow the re®nement of this de®nition depending on the simulation radio
propagation environment and physical phenomena to model.

A.2 NODES ARCHITECTURE AND CHARACTERISTICS

A.2.1 TRAFFIC GENERATOR

Three different kinds of traf®c ¯ows can be modeled:

� TCP-based peer-to-peer data transfer,

� Constant bit rate (CBR) peer-to-peer transfer using UDP transport protocol,

� Peer to peer UDP burst transmission with random transmission times, generated accord-
ing to a Poisson distribution.

The TCP layer is the TCP Reno (RFC 2581) variant, derived from the IPSuite implementation,
created and developed at the University of Karlsruhe in 2001, which precedes the actual INET
framework. In all the simulations used for the performance evaluation, we use an UDP traf®c.

A.2.2 IP L AYER

The IP layer divides into two OMNeT++ modules : IPModule and IPForwarding.

The role of the IPModule is to add an IP header to each Service Data Unit (SDU) received from
the transport layer and remove it from received IP datagrams.

The IPForwarding module is in charge of determining the MAC address of the next hop to the
destination.

Figure 74 illustrates the next-hop discovery process, which is performed in the following 7
stages:

1. An IP message, destinated to node ID Ipd, is received by the IP forwarding layer .

2. A request to ®nd the next hop to Ipd receives no answer (no matching entry in the routing
table).

3. A request for the next hop is then sent to the centralized networking protocol.
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4. The networking protocol computes the new route and updates the routing table.

5. The next hop answer provided to the IPForwarding module.

6. A request for the next hop to Ipd is sent and the next hop ID retrieved from the routing
table.

7. The IP message is forwarded to the next hop node.

Figure 74: Routing table updating process

The centralized networking module computes the next hop to the destination using a Djikstra
algorithm and global network topology informations provided by the ChannelControl object.
This module updates the routing table on demand, which means that it doesn't insert any entry in
the routing table, unless explicitly stated. This kind of resource-sparing strategy is particularly
ef®cient in the case of very large networks.

A.2.3 SAR LAYER

The SAR layer:

� Adds a header to each SAR-SDU received from the interface with its neighbour upper
layer,

� Divides the resulting PDU into several SAR-PDU and adds a header to each one of these
SAR-PDU. SAR-PDUs have equal sizes, except for the last one.

Figure 75 illustrates this process.

Figure 75: SAR layer operations.

The header added to each SAR-SDU (4 bytes) has the following format:
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� A 16 bits CRC for the whole SAR-SDU (including the header) - 2 bytes.

� The SAR-SDU length (including the header) - 2 bytes.

The header added to each SAR-PDU (4 bytes) has the following format (see Figure 761):

� Bit F : equal to 1 if the SAR-PDU is the last one of a SAR-SDU, 0 otherwise - 1 bit

� SAR-SDU ID - 11 bits

� Required QoS for the SAR-PDU - 6 bits

± Priority - 2 bits

± Other QoS informations - 4 bits

� Reserved bits (set to 0) - 4 bits

� SAR-PDU size, including header - 10 bits

Figure 76: SAR-PDU header.

A timer is started on reception of the ®rst SAR-PDU of a SAR-SDU. If the timer expires before
the SAR-SDU has been reassembled, all the previously-received SAR-PDU are dropped. SAR-
PDU headers do not include sequence number information, as they are supposed to be received
in the right order. The 16 bits CRC or the SAR-SDU header protects against possible corruption
of one or several SAR-PDUs. The SAR-SDU identi®cation number is bound together with the
SAR-PDU sender's MAC address, in order to be able to differentiate SAR-SDUs originating
from different neighbour nodes.

A.2.4 QUEUES

Each neighbour of a given network node is allocated a set of priority queues (one per priority
level: see Figure 77). Each of these queues is First-In, First-Out (FIFO) and stores variable-
length Q-SDUs. Broadcast transmissions do not have any associated queue.
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Figure 77: Structure of the FIFO queues stage.

Adding data to a queue Each Q-SDU received by the queue layer from the above layer is
added to the end of the appropriate queue (if not full), according to its priority and destination
ID. If the selected queue is full, the Q-SDU is rejected. Let us keep in mind that a Q-SDU may
be a SAR-PDU, and that rejecting a Q-SDU belonging to a set of SAR-PDU all originating from
the same SAR-SDU will compromise SDU reassembly at the receiver side. To avoid unneeded
data transmissions over the radio channel, a SAR-PDU belonging to a given SAR-SDU will
not be added to a priority queue unless there is enough space, in the queue, to contain all the
SAR-PDUs originating from the SAR-SDU of interest.

Removing data from a queue The following algorithm is implemented to remove nbBytes
bytes from a set of priority queues:

priority = highest
current queue = highest
priority queue While (nbBytes > 0)

If(( the current queue contains at least one Q-PDU qPdu)
and (nbBytes -size(qPdu) ? 0))

Extract a Q-PDU from the current queue
nbBytes = nbBytes - size(dPdu)

else
priority = next lower priority
if (priority < lowest priority)

exit while loop
end if
current queue = queue with priority priority

end if
end while

Several Q-PDU (=Q-SDU) can thus be extracted from queues at each transmission over the air.
In order to allocate resources in the most adequate way, the MAC layer has to search the queues
for destination IDs and priorities of messages waiting to be sent, so as to schedule ®rst the
neighbours waiting for data with the highest priority. The required Q-PDU are thus extracted
from the corresponding queues and transmitted through the radio channel.

Figure 78 provides an example which illustrates this mechanism. At timet0, the MAC layer
requests the queue layer to provide the vacancy status of priority queues for three transmissions,
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Figure 78: data retrieving from FIFO queues.

i.e. three (neighbour address, priority) informations pairs. The response indicates that a ®rst
high-priority transmission to neighbour i, followed by a high-priority transmission to neighbour
j, followed by another transmission to neighgour i with low priority could be performed. The
MAC layer thus negotiates channel access for these three transmissions, up to time t1. In case
of success, the MAC layer immediately retrieves data from all the neighbour i queues and the
®rst high-priority transmission to neighbour i begins. At time t2, the previous transmission is
over and the MAC layer extracts and transmits to lower layers data from the whole neighbour
j queues. At time t3, the MAC layer extracts data for neighbour i. It shall be stressed that if,
between t1 and t3, data with high priority are received in the corresponding neighbour i queue;
these will be prioritarily provided to the MAC layer, even if channel access has been negotiated
for a lower priority transmission.

A.2.5 MAC SUB-LAYER

The MAC sub-layer is in charge of:

� Updating the simulation clock at each time burst,

� Building signalling (beacon, Hello and Random access messages),

� Fetching data from queues at regular ®xed time interval for transmission,

� Processing allocation requests messages and allocating bursts for data transmissions
based on their arrival order, priority and resource availability,

� Building data bursts to be sent and transferring it to the physical layer.

A.2.6 PUM SUB-LAYER

As explained in Section A.2.4 several Q-PDU can be extracted from queues for each opportunity
of transmission over the air. The role of the PUM sub-layer is to aggregate the contents of these
Q-PDU so as to ®t them into data bursts. On the receiver side, it extracts the PDUs from
received bursts and forwards it to upper layers. The PUM sub-layer is also in charge of creating
DL-PDU headers, which enclose all the information required to ensure correct decoding of data
contained in each burst as well as signalling information destinated to upper layers.
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A.2.7 PHYSICAL LAYER

Figure 79 provides a detailed view of the Physical layer architecture and gives the data format of
messages exchanged between Physical sub-layers and between the Physical layer and its upper
and lower layers. The physical layer implements the following functions : error correction
code (ECC), modulation / demodulation (Modem), Distributed Space-Time Coding (DSTC),
and transmission to (Ampli) / reception (Receiver) from the radio channel.

Each of these tasks is performed by a dedicated functional sub-layer, the name of which is
indicated between brackets in the previous sentence. These sub-layers perform the following
operations:

� ECC (Error Correction Code): at the transmitter side, the ECC layer applies convolu-
tional encoding to add redundancy bits to the message to be transmitted through the radio
channel. Available codes are Rate Compatible Punctured Convolutional Codes (RCPC)
with rates 1/4, 1/3, 2/5, 1/2, 2/3, 4/5 et 1, obtained by puncturing the output of the rate
1/4 mother code. At the receiver side, bits are decoded using the Viterbi algorithm.

� Modem : at the transmitter side, bits received from upper layers are modulated into com-
plex symbols, depending on the selected modulation scheme (among possible ones :
BPSK, QPSK). At the receiver side, the Modem sub-layer demodulates received sym-
bols into bits. In the case of the ºone-way, two-pathº protocol, the receiver processing
described in Section 4.2.3 is also implemented in the Modem entity.

� DSTC: this sub-layer implements distributed space-time coding and decoding. The only
DSTC scheme available is the Alamouti DSTC described in the receiver processing Sec-
tion 4.2.3.

� Ampli : before being transmitted, symbols are ampli®ed by a constant ampli®cation fac-
tor, depending on the required transmit power and by the square root of the transmitter
antenna gain (both are tunable simulation parameters).

� Receiver : the radio receiver checks whether the received signal is the user signal of in-
terest or not. If not so, the received signal is dropped, otherwise, it is ampli®ed by the
receiver antenna gain and forwarded to upper sub-layers (DSTC or Modem, depending
on the selected transmission scheme). The radio channel manager (Section 4.2.4) is in-
voked to get the value of the channel coef®cients used to recover the value or the received
symbols.

Two additional management entities ensure the correct operation of the whole system:

� Physical layer manager (Manager, on Figure 79): it con®gures the software components
which perform the various functions of the physical layer (refer to the above list). In the
current version of the simulation, this entity cannot instantiate more than a single object
per sub-layer, which limits transmissions to a single modulation and coding scheme. In
future versions (out of the scope of the SENDORA project), the physical layer manager
will be enhanced so as to allow the coexistence of user ¯ows with different MCS.
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� Transmission Scheme Manager (TSM, on Figure 79): it acts like a switch, the role of
which is to direct messages to the various functional sub-layers of the Physical layer. It
also computes ampli®cation coef®cients at relays, in the case of relayed protocols (see
Section 4.2.3) and performs matched ®lter processing.

Figure 79: Physical layer architecture.

Sequence diagram of functional sub-layers Figure 80 and Figure 81 draw the path followed by
messages through the Physical layer, at the transmitter and receiver side, respectively. These
diagrams show that MAC signalling, which is not coded in bit format, follows a dedicated path
and is not affected by wireless radio channel effects.
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Figure 80: Physical layer - sequence diagram in transmission.

Figure 81: Physical layer - sequence diagram in reception.
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