CRMA: Collision-Resistant Multiple Access

Tianji Li** Mi Kyung Han' Apurv Bhartia® Lili Qiu' Eric Rozner! Yin Zhang' Brad Zarikoff?
The University of Texas at Austin', National University of Ireland Maynooth?
{tianji,hanmi2,apurvblili,erozner,yzhang}@cs.utexas.edu, brad.zarikoff@nuim.ie

Abstract— Efficiently sharing spectrum among multiple users is  vision multiplexing {.e.,, allowing a node to use a given frequency
critical to wireless network performance. In this paper, we propose at a given time).
a novel spectrum sharing protocol called Collision-Resistant Mul-  However, all the efforts aiming to resolve collisions can lead
tiple Access CRMA) to achieve high efficiency. I€RMA, each to considerable overhead. It is well-known that slicing spectrum
transmitter views the OFDM physical layer as multiple orthogonal across frequency alone (FDMA) is inefficient because nodes may
but sharable channels, and independently selects a few channels fooccupy frequency without generating traffic [34]. On the other
transmission. The transmissions that share the same channel nathand, slicing spectrum across time has to meet the challenging re-
urally add up in the air. The receiver extracts the received signals quirement that no more than one user can access the same spec-
from all the channels and efficiently decodes the transmissions by trum at any time. The latter either requires global coordination and
solving a simple linear system. We implement our approach in the centralized scheduling, which is hard to implement in a distributed
Qualnet simulator and show that it yields significant improvement network, or resorts to carrier sense, which has several well-known
over existing spectrum sharing schemes. We also demonstrate théssues, such as hidden terminals [5, 12, 14], exposed terminals [12],
feasibility of our approach using implementation and experiments and significant overhead. The overhead is especially significant for
on GNU Radios. small frames, high data rates [37], or long-distance networks in or-
der to sense a far-away transmitter and avoid collisions [24, 26, 32].
; ; ; For example, the carrier sense overhead is 75.2% for TCP ACKs
Categorles and SUbJeCt Descrlptors in an 802.11a network with 54 Mbps and similar for VoIP pack-
C.2.1 [Computer-Communication Networks]: Network Archi- ets. The overhead increases to 82.7% in an 802.11n network at 600
tecture and Design-Mreless communication Mbps, and the carrier sense time further increases by 167% in order
to carrier sense a transmitter that is 3000 meters away (instead of
General Terms 300 meters away) [18].

Experimentation, Performance Our approach: Motivated by the limitations of the existing spec-

trum sharing approaches, we propose a new direction of spectrum
Keywords sharing, called Collision-Resistant Multiple Acce€RMA). In
MAC Protocol, CSMA, CDMA, Collision Decoding, OFDM CRMA, every transmitter views the OFDM physical layer as multi-
ple orthogonal but sharable channels, and randomly selects a sub-
1. INTRODUCTION set of the channels for transmissiéiWhen multiple transmissions

overlap on a channel, these signals will naturally add up in the wire-
Motivation: The design of spectrum sharing and multiple access |ess medium. The receivgrcan construct a simple linear system
is critical to wireless network performance. Traditional approaches o ) )
share spectrum by slicing it across time or frequency, and allocate A(i, g, fz(i) = R(3, f)-

each slice to at most one user at any time. When multiple transmis-x(i) denotes the transmitteis signals, R(j, f) denotes the re-

sions overlap on the same frequency, a collision occurs and no Useeiver;’s received signal on channg) and the matrixA(i, j, f) =

ful data is delivered. To reduce collisions, various techniques are .; ¢« p(i, j, f), whereh(s, j, f) is the channel distortion from

proposed. For example, in the time domain, this can be achievedransmitteri to receiverj on channelf andc(i, f) is a code chosen

by using centralized schedulingg., PCF [25]), carrier sense.., by the transmitter to scale the signal. It can be either binagy (

IEEE 802.11 DCF [25]), or hybrid®@., [36]); in the frequency do-  1'when the signat(i) is present on channgland 0 otherwise) or

main, static or dynamic channel as&gnment_ and channel h0pp'r?9non-binary. The receiver then decodssased omd andR by solv-

can be employed. We can further combine time and frequency di- jng the linear system. By using coding, transmitters no longer need
to avoid collisions. Upon successful decoding, it can continuously
send without incurring carrier sense overhead. Figure 1 shows an
example of two senders transmitting signals on two channels. A

; . . X receiver can extract the original signals by solving a simple linear
personal or classroom use is granted without fee providatidbpies are 9 9 y 9 P

not made or distributed for profit or commercial advantage aatidbpies system of two equations. . . .
bear this notice and the full citation on the first page. Toyouiherwise, to CRMA shares the same spirit as CDMA in that both use coding to
republish, to post on servers or to redistribute to listgui@s prior specific share spectrum, but differs significantly from CDMA in the follow-
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Figure 1: An example of two senders sharing two channels. The
signals received on the two channels at nodg¢ are R(j,1) =
h(1,7,1) x 1 4+ h(2,4,1) x 22 and R(5,2) = h(1,7,2) x =1 +
h(2,j,2) x x2, respectively, wherez1 and x2 are transmitted
signals andh(s, j, f) are the channel coefficients. We can de-
codex1 and 22 based onR and h.

ing ways. There are two classes of CDMA: synchronous CDMA
and asynchronous CDMARMA differs from synchronous CDMA

in that it does not require that all transmissions start at the same
time, and differs from asynchronous CDMA in that the latter suf-
fers from Multiple Access Interference (MAI) whereas we explic-
itly incorporate the other transmissions involved in collisions when
constructing the linear system for decoding so that we can cance
out the interference and achieve high reception rate.

Our use of random coding is related to network coding, where
the receiver receives random linear combinations of the original
frames and decodes the frames by solving a linear system. Differ-
ent from existing network coding literature, we exploit the flexibil-
ity of random linear coding to develop an efficient spectrum sharing
protocol. This protocol is general and its benefits are especially sig-
nificant for environments where carrier sense is inefficient, such as
hidden terminals, exposed terminals, networks with long-distance
communication, high data rates, or short frames.

We implement our approach in the Qualnet simulator [28] and
compare it with several existing spectrum sharing protocols, in-
cluding CSMA, random access, and Wi-Fi. Our results show that
CRMA significantly out-performs the other schemes. We further
demonstrate the feasibility of our approach using experiments on
GNU Radios.

In summary, this paper proposes a new direction of spectrum
sharing. It makes three major contributions: (1) a novel encoding

and decoding algorithm that enables simultaneous transmissions of

interfering signals on the same frequency band, (2) a new spectrum
sharing protocol that builds on top of the new coding scheme, and
(3) experimental evaluation of the protocol to show this is a promis-
ing approach.

Paper outline: The remainder of the paper is organized as follows.
In Section 2, we give a brief background on wireless communi-

0[n], andw[n] is additive white Gaussian channel noise. A tradi-
tional receiver decodeX [n] by estimatingh[n] using the training
sequence, which is a known sequence of symbols and included in
every frame.

When multiple signals transmit simultaneously, their signals add
up as follows:

Yin] = Yin] +wln), )

whereY;[n] = h; X;[n] denotes the signal after channel distortion.
In this paper, we consider an OFDM physical layer, which is
widely used today, such as in IEEE 802.11a/g/n, WiMax, and LTE.
In OFDM, each channel consists of multiple orthogonal subcarri-
ers, each of which is used to carry data independently. When a data
symbolz(z) is transmitted ontd< channels, it is replicated to one
subcarrier in each of th& channels. Each subcarrier has a channel
distortionh (i, j, f, s), which denotes the channel distortion from
transmitter; to receiverj on channelf at subcarries. Since each
symbol is mapped to exactly one subcarrier in each chanrisl,
unique for a given channgland a given symbol in the frame.§.,
the first symbol in a frame is always mapped to 10-th subcarrier on
channel 1). Therefore to simplify the notations without introducing
ambiguity, wedrop s in the rest of the paper.

3. OUR APPROACH

In CRMA, a sender select&” channels and sends copies of its
frame onto all the selected channels. A receiver receives the sum of
all the signals transmitted on each channel and constructs a linear
system that reflects the relationship between the original signal
received signaR, codec, and channel coefficients. It can then
decoder based on the knowledge &, ¢, andh. In order to realize
this protocol, several important research issues must be addressed

e How to select a code?
e How to establish the code between a sender and receiver?
How to encode and decode transmissions?

How to limit the number of transmissions involved in a col-
lision to allow successful decoding?

e How to enhance spectrum utilization?

e How to handle decoding failures?
e How to deal with misaligned collisions?

Below we address each of these issues. In our description, we

cation. We present our approach in Section 3. In Section 4, We define a flow as a pair of communicating nodes. In Section 3.1 —
compare the efficiency of our approach with the existing schemes gection 3.6, we assume OFDM symbols from different transmis-
using Qualnet simulation. We demonstrate the feasibility of our ap- gjons are synchronous so that one signal’s FFT window contains

proach using testbed experiments in Section 5. We review relatedcomplete symbols from other signals. We relax this assumption in
work in Section 6, and we conclude in Section 7. Section 3.7.

3.1 Whatis a Code?

In this paper, we use a binary code, where the eddef) = 1
when transmittei uses channef andc(i, f) = 0 otherwise. In
general, the code can be non-binary, and the transmitter can scale
its signal according to the codeg., c(i, f) is the scaling factor
that transmittet uses on channgl. Non-binary codes can be used
to increase the chance of linear independence in matrixor sim-
plicity, we use binary codes and show how to select binary codes
that maximize decodable collisions.

Let us ignore the channels on which there are no transmissions
(i.e, the matrixA(z, f) = (4, f)xh(3, j, f) does not have columns

2. BACKGROUND

To transmit a frame, a transmitter uses modulation to convert
bits into a series of discrete complex numbers. For example, BPSK
modulation uses’™ to represent a “0” bit and use&’ to represent
a “1". Let x denote transmitted symbols, apddenote received
symbols. They have the following relationship:

Y[n] = h[n]X[n] 4+ w(n], @

where the channel coefficienfn] = a[n]e °" is a complex
number that consists of the channel attenuatipt] and phase shift



missions. It does not require a separate control channel but incurs
TR more processing for a receiver to detect a flow destined to it. The
08 second approach exchanges the code on a separate controllchanne
so that a receiver does not require additional in-band processing on
the data channels. For ease of explanation, we describe our ap-
proach for binary codes, but the approach can be easily extended to
non-binary codes. We evaluate the feasibility of in-band notifica-
tion using a GNU Radio implementation, and report its accuracy in
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umber oftransmissions involved i 2 colison tion in Qualnet, and the performance in Section 4 is based on this

Figure 2: Probability of all N transmissions being decodable as  code selection.
we vary the number of channels per flow (') and the number of In-band notification: A sources selectsK channels and sends
transmissions involved in collisions {V). (20 flows compete for copies of its data on all the selected channels. Since the frame can
10 channels. Each flow selects th& least-used channels out of  be involved in a collision, simply including the source and desti-
10 channels. At any time a random set ofV transmissions are nation in the frame as usual does not work. Instead we use PN
active.) sequences to encode the source and destination addresses so that

the receiver can detect them even under collisions. Specifically, a

with all zeros.). In order for a collision to be decodable, the matrix receiver first correlates the received signal witha known PN se-
A should be full rank. This requires (1) the total number of trans- quence corresponding to its own address. The correlation is close
missions involved in collision should not exceed the total number to zero except when the incoming signal containinds perfectly
of channels being used, and (2) the rows of matrighould be lin- aligned with P. A spike in the correlation indicates the frame con-
early independent. We will address (1) in Section 3.4. Condition tains the receiver’s address. Only then does the receiver attempt
(2) can be satisfied when (i) different flows that select the same to run another correlation between a received signal and the PN
channel see different channel coefficients on the channel or i) dif Sequences corresponding to possible source addresses. Since the
ferent flows select different sets of channels. source sends copies of its data on all the seleafethannels, the

To see how (i) can hold, we note that an OFDM channel con- receiver expects to see spike in correlationforchannels, which
sists of multiple subcarriers. Channel coefficients vary significantly reveals the set of channels the source uses for communication.
across subcarriers [2, 11, 29]. Moreover, several previouksvo To further improve resiliencee@., not all K channels see cor-
(eg., [17, 27, 45]) show the channel coefficients across subcarriers relation spikes), the sender could use consistent hashing to map
(within a channel) can be used as a unique signature to distinguish(senderI D, receiverID) to a set of K channels. Specifically,
one link from another. Other work uses channel coefficients across consider there arg/ total channels and each flow us&schan-
subcarriers to bootstrap keys for secure communication [19]. The nels. Then there ar€’y’ possible channel selections for a binary
property that all these works leverage is that different node pairs code, and we can number these selections fromzfo When a
have different channel coefficients across the same set of subcarflow starts, the source simply hasheé&tder D, ReceiverID)
riers. Therefore, as long as the number of flows is no more than to an integer between 1 aii@fy’. As soon as the receiver finds out
the number of their shared channels, the mattiis likely to be the sender address on at least one ofthehannels using correla-
linearly independent. tion, it computes the same hash function independently to identify

To further increase the chance of linear independence in the ma-all the K channels used by the source. We plan to implement and
trix A, we let each flow select the least-used channels. In this se-€evaluate this consistent hash based enhancement in the future.
lection, each node monitors the total number of flows on each dataControl channel based code selectionAlternatively, we can use
channel (as described in Section 3.3), and selects the channels thag control channel to negotiate the code. Code negotiation is per-
have the smallest number of flows. We perform an analysis with formed either (i) periodically or (i) whenever the loss rate on the
20 flows competing over 10 channels without carrier sense. We data channels exceeds a threshold. A number of approaches have
vary the number of active flows, denoted/sis from 1 to 10. We been proposed in the literature to establish a control chaemgl (
also vary the number of channels that each flow uses, denoted ag3, 23, 44]). We can apply them to our context so that we can focus
K, from 1 to 6. Figure 2 plots the decoding probabilitye( the on how to use a control channel for code negotiation. We assume
probability that the linear system has a unique solution). As we that users know which channel is used as the control channel and
can see, when each flow selects 3 channels, the decoding probabilwhich channels are used as data channels.
ity is 94% even when the number of transmissions is equal to the  Different users use CSMA/CA to share the control channel. To
number of channels\ = K = 10). When there are fewer trans-  enhance the reliability of control messages, we use a high transmis-
missions, the decoding rate is very close to 100%. In comparison, sion power to increase the communication range and a conserva-
the traditional scheme uses one channel per flow, and its decodingtive clear channel assessment (CCA) threshold to reduce collisions.
probability is much lower without carrier sense. This confirms our Since the control traffic is infrequent, the overhead of CSMA and
intuition that using multiple channels per flow asGRMA is more the performance loss from potential exposed terminals due to the
robust and can achieve a higher decoding ratio than the existingconservative CCA threshold is insignificant.
schemes, which use only one channel at a time and have to ensure A senderS that wishes to start communication with receiver
that no transmissions overlap on any channel. We also analyze ransends arequest for code on the control channelR responds by
dom channel selection, and the relative performance is similar andsending the selected set &f data channels to use. We further

omitted in the interest of brevity. leverage link-layer ACKs and retransmissions to provide reliability
. as in IEEE 802.11i(e., a sender will retransmit its request for a
3.2 Code Establishment code if it does not receive a reply within a timeout).

We develop two approaches for code establishment. The firstap- Upon receiving the code, the sender and receiver broadcast the
proach exchanges code on the same channel as used by data transelected code multiple times to inform their neighbors of their code.



Within this broadcast message, the sender and receiver also includesince it is very rare to have multiple nodes start a frame transmis-
the codes selected by other nearby ongoing flows that they over-sion at the same time, the number of spikes in the correlation be-
hear. In this way, even when the message containing the code istween the received signal and training preambles from other nodes
lost, it will be re-broadcast later by other nodes, thereby enhancing indicates the number of signals involved in the collision. To further

the delivery probability of the selected code. identify the set of transmitters involved in a collision, we use cor-
. . L. relation to identify the source address encoded in the PN sequence,
3.3 Encoding and Decoding Transmissions which are transmitted after the preamble and before the postamble.

For ease of explanation, we focus on decoding one symbol. To In this way, the receiver knows the set of transmissions involved in
decode the symbol, a receivgextracts the incoming signals from  collisions and can use the channel coefficients corresponding to the
all channels, wher&(j, f) denotes the signal at receiveon chan- flows to construct a linear system for decoding.
nel f. The receiver then constructs the following linear system. For ~ One potential concern with the correlation based detection is the
any f € [1..M], whereM is the total number of data channels, we time complexity. GivenV flows (i.e., source destination pairs) in
have the network, a naive algorithm will correlate the incoming signal on

S . ; N each channel with each of th€é flow IDs, which takesD(N) per

i ZZ: hi, 3, Pet@, £ = R, f) ® channel. We can speed up the correlation by encoding the flow 1D

usingb sequences, each representing one of\hePN sequences.
For example, wheh = 2, 100 flow IDs can be encoded using two
PN sequences and each of them takes 10 different values, where
the first PN sequence represents the most significant digit and the
second one represents the least significant digit. So we just need to
correlate with 10 sequences instead of 100. When 4, we can

whereh(z, 7, f) is the channel coefficient from sendep receiver

j on channelf, c(i, f) is the code sendéruses on channgfl, and

z(1) is the signal that transmittersends. The left-hand side is
the sum of all received signals, and the right-hand side is the fi-
nal received signal at receivgron the channef. Our decoding

algorithm extracts: (i) based on(j, f). In order to achieve this  gncode 100 flow IDs using 4 PN sequences, each takes 4 different
goal, we should address the following important questions: (i) how values, and we can correlate with only 4 PN sequences to identify

to detect frame arrival and departure, (ii) how to find out which 6 fi6, |D. Increasing reduces the number of PN sequences to
transmitter's signals are present on a given data channel in order tohq ¢orejated and hence the correlation time, but this increases the
construct the above linear system, (iii) how to estimate the chan- hreample length. Therefore it is desirable to select the smallest

nels, and (vi) how to efficiently solve the linear system. Below We iy the system can afford in order to limit the preamble length.
address each of these questions in turn. o ) . ) )
Obtaining channel estimates:First, we consider how a receiver

Detecting frame arrival and departure: We use a preamble and  ggtimates the channel using preambles. Then we examine how a re-
a postamble to detect a frame arrival and departure. Each framecejyer continuously updates the channel estimation using the frame
starts with a preamble, which contains a known sequence of Sym- 414 (e, anything but a preamble). The latter is especially impor-
bols. Each frame ends with a postamble, which is another known (o ywhen the frame is so large that the channel may change during
sequence of symbols. We focus on detecting a frame arrival usingne transmission time of a frame.

a preamble, since detecting departure using a postamble is similar. - A yecejver can use the standard approach to estimate the channel
We first describe how to detect frame arrival using a clean pream- i it receives a clean preamble. So we now focus on the case when

ble, which does not collide with other signals. We then extend {0 {he received preamble collides with other transmissions. If multi-
the case when the preamble collides with other signals. ~ ple preambles collide, we can apply the technique used in MIMO,
When areceiver receives a clean preamble, it stores the receivedyhere different transmitters send preambles coded with different
preamble. It runs correlation between the stored preamble and thep sequences so that a receiver first extracts a clean preamble from
new incoming signals. To maximize the detection accuracy, we Use gach transmitter using its corresponding PN sequence and applies

PN sequences as the preamble. The correlation is close 10 zerqne standard channel estimation on the clean preamble. Since the
except when the training sequence is perfectly aligned with the be- opapility of preamble collision is low, we have not implemented
ginning of a frame transmitted by the same sender [8]. We observe ;g approach.

a spike in the correlation whenever a new frame arrives. Note that  Next we consider when a preamble collides with data from other
spikes at true collision positions might sometimes be low due t0 ansmissions. We first construct a linear system where all the

the frequency offset between the sender and the receiver. IrBsUCh hanne| coefficients are known from the previous estimates and
case, the receiver needs to compensate for the frequency offset tqng only unknowns in the linear system are those transmissions’
get a good correlation spike [8]. After compensating for the fre- 45 involved in the collision. Since the decoded data symbols
quency offset, we can accurately detect frame arrival even when || take discrete valuese(g., either +1 or -1 in BPSK), we can
SNR is -6 dB, as shown in Section 5.2. ) decode the data as the ones that give the closest match to the re-
Correlation-based detection is highly robust. As shown in [35], @ gjved signal. Then we construct a new linear system by plug-
transmitter can use signal correlation to detect the presence ofasig-ging the decoded values back into the linear system, treating the
nature in the received signal even if itis in transmission mode. The ~hannel coefficients as unknown, and solving the new linear sys-
detection accuracy is high even under -32 dB. Therefore a node cangm, The new solutions give new channel estimates. We then use
count the number of on-going transmigsiqr!s based on the arrivalsy, exponentially weighted moving average (EWMA) to combine
of preambles and postambles even while it is transmitting. the new channel coefficients with the previous estimates. That is,
Detecting transmitters involved in collisions: A receiver needs k(i 7, f) = w - h"*" (4,4, f) + (1 — w)h(i, 7, f). The weightw
to know if there is a frame destined to it to invoke the decoding al- is a tunable parameter, and is set to 0.2 in our testbed evaluation.
gorithm. As described in Section 3.2, a receiver can run correlation  We can apply a similar approach to keep track of the channel
with the PN sequence corresponding to its address, and a spike inchanges during decoding of frame data. Specifically, we first use
the correlation indicates that a frame contains its address. Similarly, the previous channel estimation to construct a linear system and
it can use correlation to identify the addresses of the transmitters in solve for the unknown data. Then we plug the decoded data sym-
order to construct a linear system for decoding. More specifically, bols back to the system, and solve for the channel coefficients by



treating these coefficients as unknown. We can update the channelt determines whether its sender can continue sending the next frame.

estimation evenWV, data symbols, wher®; controls the computa-
tion time and freshness of the channel estimates. A lAfggives

If so, it informs the sender by sending a notification encoded as a
PN sequence so that the sender can detect it using correlation even

faster computation time since (as described below) we only needin presence of collisions.

to build a lookup table once faW, data symbols, but a larg¥’;

The receiver will send the notification to its sender when one of

can cause channel estimates to become stale and degrade perfothe following conditions holds: (i) the number of on-going trans-
mance. Our experiments in Section 5.2 evaluate the decoding ratemissions is withinA/ — margin, whereM is the total number of

and computation time for different values &f.
Solving the linear system:The linear system has the form of

A-x=R

wherezx belongs to a set of valid symbolad., +1 or -1 in BPSK).

A simple way is to solve the linear system is to enumerate all values
of = and find the combination af that minimizes the fitting error,
i.e, find z such that| A - = — R||2 is minimized. To speed up the
computation, for a given A, we build a lookup table, which com-
putesA - x for all possible combinations af. Then for a givenR,

we simply perform a table lookup to find thethat minimizes the
fitting error. The same lookup table can be used ufitthanges,

which occurs when the set of transmissions involved in a collision

channels, (ii) if not, it uses consistent hashing to chobseut
of the currentV transmitters involved in the collision to continue
transmitting. All the receivers who see the same set of transmitters
involved in collisions will choose the same set/df transmitters
to continue. The unchosen sender will remain silent until it detects
the receiver’s notification, which will be sent when the number of
on-going transmissions seen by the receiver is witldin- margin.

The receiver-side approach offers several unique advantéyes:
it captures the receiver’s channel condition, which is the one that
matters; (i) it knows the real reason for lossesg.( whether due to
too many transmissions or due to weak signal from the transmitter)
and sends notification accordingly; (iii) even under undecodable
collisions, the chosen senders can immediately send without wait-

changes or the channel condition changes considerably. Section 5.39: thereby fully utilizing the resources.

further quantifies the computation overhead.

3.4 Limiting Overlapping Transmissions

To allow correct decoding, we should limit the number of trans-
missions involved in a collision to be within the number of channels

3.5 Enhancing Spectrum Utilization Using Vir-
tual Flows

When the total number of flowd/; is below the total number
of channelsM, it is possible to under-utilize the spectrum. There

being used. We develop two approaches to address this challenge@re two ways to address the issue: (i) increase the channel width
a sender-side approach and a receiver-side approach. We imple&nd reducé/ to close tolVy, or (ii) increaselV; by creating more
ment and evaluate the sender-side approach in Section 4 and pladlows. Modifying channel width complicates decoding since differ-
to quantify the effectiveness of the receiver-side approach as partént flows may not see the same number of contending flows, and it

of the future work.

Sender-side approach: A sender usually immediately transmits
whenever it has data to sende( CW = 0). However, if it
does not receive an ACK after it transmits a data frame, this in-
dicates a potential collision. So it enters a backoff moide, (
CW = CW, > 0), whereCW; is the smallest positive back-
off value and set to 15 in our evaluation. During the backoff mode,
it waits for a random time chosen frof, CW] slots, as in IEEE
802.11. When the backoff is over, the sender transmits immedi-
ately with a probabilityQ. @ is chosen to maximize the expected

number of decodable transmissions based on the expected number
of new simultaneous transmissions, which can be estimated using
the difference between the total number of flows seen from the code

establishment in Section 3.2 and the total number of existing trans-
missions. 2 With a probability of1 — Q, it defers and updates
CW = min(a- CW,CWiaz ), Wherea > 1 further reduces col-
lisions and is set to 1.5 in our evaluation, ati@V,,,... is the maxi-
mumCW and is set td5 - «'2. Eventually when it transmits and

its frame is lost again, it updat€siV = min(a - CW, CWiaa).
Whenever an ACK is received;WW = CW/a and if CW <
CWs, CW = 0. In this way, a sender can continuously send if
its data frame is acknowledged and only pays for the backoff cost
when necessary.¢., frames are lost).

Receiver-side approach: Alternatively, we can let the receivers

decide who to transmit. Whenever a receiver receives a frame des-,

tined to it (which can be detected using correlation in Section 3.3),

is difficult to support heterogeneous channel widths in a network.
Therefore we adopt (ii) by letting each physical flow create virtual
flows so that the total number of virtual flow$; is close to)M.

For example, when only 2 physical flows use 10 channels, we let
each physical flow create 5 virtual flows and stripe the data across
these 5 virtual flows. In this way, essentially we have 10 flows in
the system using 10 channels, achieving high utilization.

3.6 Handling Decoding Failures

A decoding failure arises when a receiver fails to correctly con-
struct the linear systene.@., due to an inaccurate channel estimate)
or the channel coefficients of different flows are not linearly inde-
pendent. We use ACKs and retransmissions to enhance reliability
of data traffic. Right after transmitting the data frame, the sender
walits for an ACK. The ACK is sent in the same way as data frames.
That is, a receiver sends an ACK on the same set of selected chan-
nels and the sender decodes the ACK by solving a linear system. To
further improve efficiency of retransmissions, we can further apply
partial frame recovery to extract correct symbols from a partially
corrupted frame.

3.7 Handling Misalignment between Colliding
OFDM Symbols

In real networks, frames rarely collide at exactly the same time
(i.e., the OFDM symbols from different transmissions that collide
may be misaligned). A natural question is how to decode the colli-
sions when misalignment arises. The following will detail how the

2A node can estimate the number of on-going transmissions using Cyclic Prefix (CP) of each OFDM symbol will permit us to prop-

preambles and postambles. The presence of a preamble indicates

arly decode collisions with misalignment and how a phase correc-

new transmission and the presence of a postamble indicates a detion for each subcarrier of the delayed colliding symbol is neces-

parting transmission. Alternatively, it can estimate the total num-

ber of on-going transmissions based on the instantaneous signal

Fary for proper symbol decoding.

strength measured across all channels, the selected channels, arfdyclic Prefix and phase correction: The CP is widely used to

their coefficients.

handle misalignment when decoding clean signals [6, 20, 40] in
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Therefore, pre-multiplying the received signal after the FFT with a

CPi1| Symbol il | CPT |~ Symboli |CPi+1) Symboli+1 factor ofe(~7277 %) will synchronize the signals. In Figure 9, we
| Symboli-2 |cPi-1| Symboli-1 | cPi | Symboli |cPi+1| Symboli+1 plot the amplitude and angle with and without using this factor to

compensate for the offset. As it shows, this compensation restores
the misaligned signal.
Therefore, when signals perfectly align, the receiver sotes
offset R(j, f) = 32, h(i, 4, f)eli, f)=(i). Now with misalignment by
Figure 3: A example shows that the collision offset betweentwo 7, the receiver solves
senders is the same as the Cyclic Prefix (CP). ) o
RG,f) = > h(i,j, £)eti, eV ¥ )a(i).

existing wireless systems.§., IEEE 802.11a/g/n). The CP works
by appending the lasWcp samples of an OFDM symbol to the
start, and is generally designed to deal with multipath arrivals [6]. Clock synchronization: Without clock synchronization, the offset

For example, if an OFDM symbol contains 512 samples and the CP petween two signals can differ by more than the CP duration. In
contains 12 samples. OFDM will append samples 501 through 512 5ych a case, one signal’s FFT window does not contain a complete
to the start of the OFDM symbol so that the final OFDM symbol - oFDM symbol from the other signal and will result in interference
contains 524 samples. Even when the FFT window misaligns with from loss of orthogonality. As derived in [16], such interference
the incoming signal by up to 12 samples, it will still contain the tends to be weak and it is possible to use iterative interference can-
entire 512 samples for decoding. cellation to decode the signal.

Now the question is how to decode collisions caused by mis-  To further enhance the decoding success rate, we can use syn-
aligned transmissions. To simplify the description, we consider chronization to keep the offset between signals within the CP du-
two symbols involved in the collision. The same technique extends ration. In particular, the sender divides time into equal sized slots
to a collision involving more than two symbols. Figure 3 shows and starts transmitting a new frame only at the beginning of a new
an example. Since OFDM symbols rely on an IFFT to modulate sjot. A clock synchronization protocol is used to synchronize the
subcarriers, any timing offset that occurs in the channel results in s|ot boundaries to be within the CP duration. Note that the de-
a phase shift after the receiver FFT [40]. First, we begin with the faylt OFDM CP duration is 0.8 microsecond in IEEE 802.11a/g/n.
PN sequence correlator to detect the exact time at which each transgych level of synchronization can be achieved by existing synchro-
mission involved in a collision starts. This giVeS us the value of the nization protoco|s for wireless LANs [30, 37] In particu|ar, [30]
misalignment, denoted as We begin the synchronization process develops a source synchronization protocol that can synchronize
with the FFT window that aligns with one of the transmissions but neighboring senders to within 20 nanoseconds across the opera-

is misaligned with the other transmission by tional range of IEEE 802.11 SNRs. As a result, for two senders
The IFFT at the OFDM transmitter is expressed as: that areH-hops away from each other, the synchronization error
No1 is bounded by20 - H nanoseconds. Since most wireless networks

2(k) = 1 Z Xne(j2"’“%)7 have relatively few hops.e., H is small), all senders’ clocks can
N = be properly synchronized within the CP. The duration of each slot

) ) o ) is chosen to be equal to the time it takes to transmit an OFDM
whereN is the number of subcarriers, which is also the size of the sympol including its CP. Such a choice ensures that if the begin-

IFFT, (k) is the symbol at sample timig and X, is the modulated  ning of a frame is closely aligned with a slot boundary, then all

data symbol on the’" subcarrier. the OFDM symbols in the frame are also aligned with slot bound-
Atthe receiver, assuming perfect frequency synchronization, the aries. By starting frame transmissions only at or near slot bound-
FFT will be: aries,CRMA guarantees that the maximum offset for any colliding
N-1 OFDM symbols is bounded by the CP duration. Therefore, we can
X = x(k)e(*ﬂ”k%o) directly apply the above phase correction to effectively compensate
k=0 for misalignment.
1 Nl N-1 (e 20
=y Z% X kZO TN 4. QUALNET SIMULATION

where the term in the braces denotes the Fourier transform of an4,1  Simulation Methodology

exponential, with the result choosing the frequency component at e implement our approach in Qualnet 4.5.1 [28], and compare

n="no. . . . its performance with the following algorithms:
If there is an offset between the received signal and the perceived

start of the symboli(e, in our case, an offset between the two e CRMA: This isCRMA without virtual flows.

colliding symbols), we can rewrite our time samplescés — 7),

wherer is the timing offset in sample intervals. Then the FFT at e CRMA-VF: It is CRMA with virtual flows enabled to utilize

the receiver becomes all available channels. If the number of physical flows is
N_1 smaller than the number of channels, each flow activates mul-

Xy = Z x(k — T)e(—ﬂ"k%) tiple virtual flows. We assume the number of virtual flows for
o each sender is given a priori. If the number of physical flows
N1 are greater than or equal to the number of channels, each
=[S a(k — r)e 2D R (-2 R 4) node uses just one virtual flow, which is the sameamA

without virtual flows.



e CSMA/CA: Atransmitter carrier senses all channels and trans-pair is at least 75% of the transmission range to cause significant
mits on the channels whose total energy is below its clear propagation delay. We use 64 Mbps as the total data rate over 10
channel assessment (CCA) threshold. If multiple channels channels.
have energy below CCA, the transmitter stripes data across Inlong-distance networks, the carrier sensing becomes more chal-
all of the selected channels, which are picked either ran- lenging and more inefficient since the longer propagation delay in-
domly or based on least-used. If any of them has energy creases the chance of collisions [24, 26, 32]. Using 802.11 default
above CCA, the transmitter performs binary backoff. The re- parameters for DIFS and ACK timeouts is not suitable for long-
ceiver sends a MAC-layer ACK when it successfully receives distance networks, thus we adapt the DIFS and ACK timeouts ac-
the frame. Upon ACK timeout, the transmitter retransmits cording to [18]. Due to the longer propagation delay, one sender
and doubles the contention window until the maximum con- does not receive another sender’s signal in time sodRMA can-
tention window is reached. Upon a successful transmission, not accurately identify the exact number of active senders in the
the contention window is reset to the minimum contention network. Similarly, CSMA and Wi-Fi also suffer from inaccurate
window. carrier sensing.

- o ) ) Figure 4 compares the performance under long-distance networks

e Wi-Fi: This is IEEE 802.11. Different from CSMA/CA, it \yhen all the schemes use random channel selection. We make the
only transmits on one of the channels whose noise is below fo|iowing observations. First, we observe trgRMA-VF consis-
the CCA threshold. If multiple such channels exist, one of tengly receives high throughput of 47-48 Mbps across all numbers
them is chosen either randomly or based on least-used chan-of ppysical flows. It utilizes the available 10 channels by creating
nel selection. 10 virtual flows in all cases. As we would expect, when the number

of physical flows are smaller than the number of channels, the vir-

tual flow approach is more efficient th@RMA: its throughput is

150-400% higher tha@BRMA under 2-4 physical flows and 24-66%

higher thanCRMA under 6-8 physical flows. Its performance is the

same a£RMA when the number of physical flows is 10 or higher.

In all schemes, senders and receivers exchange the set of chan- Second,CRMA without virtual flows significantly out-performs
nels to use on a separate control channel, and the receivers knowcSMA, Wi-Fi, and Random Access. In particular, for a small num-
the channel coefficients. In addition, all schemes use MAC-layer ber of flows (2-4 flows)CRMA out-performs CSMA by 33%-50%,
ACKs and retransmissions to provide resilience. In addition, all Wi-Fi by 86%-93%, and Random Access by 64%-68%. For a
schemes excelRMA andCRMA-VF can decode the symbols whose larger number of flows (6-16 flowsERMA out-performs CSMA
SNR is above the required threshold. We assume perfect synchro-by 48%-61%, Wi-Fi by 47%-111%, and Random Access by 16%-
nization when simulatinGRMA. 73%. CRMA without virtual flows has a lower performance benefit

The parameters used in simulation are: 1000-byte frames, 16-under smaller numbers of flows because it duplicates the same sig-
QAM modulation, 20 MHz total spectrum divided into 10 channels nal over multiple channels, which is wasteful in the low load case.
each having 2 MHz, 6.4 Mbps physical data rate on each channel, Third, comparing the existing schemes, we observe that Ran-
CCA threshold of -85 dBm for 5 GHz short distance networks (as dom Access performs similarly to Wi-Fi and CSMA in low load,
in IEEE 802.11a), and CCA threshold of -91 dBm for 700 MHz but out-performs Wi-Fi and CSMA in high load. Since Random
spectrum long distance networks (as in IEEE 802.11b). We use Access uses only one channel per flow whereas CSMA uses multi-
short distance networks as the default setting. We implement the ple channels per flow, its collision probability is lower and performs
modulation and demodulation of 16-QAM to map between bits and better than CSMA. Furthermore, Random Access out-performs Wi-
signals. Qualnet models the propagation delay of all signals. Fi by 12%-27%, because Wi-Fi pays for the carrier sense overhead

For each scenario, we conduct 10 random trials. In each trial, but does not get accurate information in return. In comparison,
flow sources and destinations are picked randomly and the simu-Random Access does not pay for carrier sense and performs better
lation time is 5 seconds. Longer simulations yield similar results.
For fair comparison, all the schemes use either random or least-

e Random Access: A sender transmits its signal on a selected
channel without performing carrier sense (no DIFS overhead).
The contention window is doubled after a failure and reset to
the minimum after a successful transmission.

used channel selection (as described in Section 3.1). All simula- 50 4o q} ....... % ....... % _______ ,; ,,,,, ; ______ % _____ %

tions use 3 channels per flow. We generate channel coefficients Q

of 10 subcarriers within each channel between a sender and re- = 40 # E,E

ceiver pair using Rayleigh fading.€., the real/imaginary parts of = :

the channel responses are modeled by an independent and iden- % 30 ¢ A

tically distributed zero-mean Gaussian process). The variance of 3 20l y e |

the fading across different subcarriers is 6 dB according to our in- £ ; > CRMA-VF -5

door measurements of 20 MHz WiFi channels [2]. We compare g 10!l ggmﬁ‘ ; ]

our scheme with the other schemes using long-distance networks, = R_ACCESS--&--

short-distance networks, varying the number of flows, data rate, 0 N | [ S o

and payload size. 0 2 4 6 8 10 12 14 16 18
. . Number of flows

4.2 Simulation Results Figure 4: Performance comparison in long-distance networks,

Long-distance networks: Next, we evaluate the performance of ~USing random channel selection.

various schemes under long-distance networks using 700 MHz specShort-distance networks: Next, we evaluate the performance of
trum, which corresponds to white spaces. We use a transmission5 GHz networks by varying the number of flows from 2 to 16. In
power of 29 dBm, which gives the transmission range and carrier short-distance networks, nodes are randomly placed in a 1000 m
sense range of 36 km. We randomly place nodes in a 4& 40 1000 m area. Figure 5 shows the total throughput of each scheme
km terrain, such that the distance between each sender and receiveusing random channel selection.



First, CRMA-VF consistently achieves the highest throughput 70

across all numbers of flows by effectively utilizing all available - ggm& """ e

channels. It out-performSRMA by 144%-399% under 2-4 flows, s 60 1 R_ACCESS- &

and 12%-57% under 6-8 flows. Its performance is the same as 2 50  WIFI O

CRMA under 10-16 flows, as we would expect. In additiORMA- ‘g_ w0 | ,++ """" et

VF out-performs CSMA by 52-246%, Wi-Fi by 52-670%, and Ran- 5 *

dom Access by 95-685%. 3 30 A KK
Second,CRMA out-performs all other protocols for the higher s 20 | + §___1%_‘._jgi—_;_%

load case of 6-16 flows. In particul&@RMA has 41%-79% higher g s

throughput than CSMA, 52%-113% higher than Wi-Fi, and 94%- o0 BT

137% higher than Random Access. For the low load case of 2-4 L : : : : :

flows, CRMA performs 56%-82% better than Wi-Fi, and 57%-87% 100 200 400 600 100012001500

better than Random Access, but similar or 30% worse than CSMA. Payload size (Bytes) _

The latter is because the flows do not utilize all the available chan- Figure 6: Performance comparison under varying payload

nels. sizes, using random channel selection.

Third, comparing the existing schemes, we observe that CSMA whereas the efficiency of CSMA, Wi-Fi, and Random Access is

performs better than Wi-Fi by 0%-125%, and Wi-Fi performs 0%- 410, 5404 389%-47% and 34%-38%. res . e
- ) - , - , respectively. The efficiency
28% better than Random Access. CSMA performance degradesy 5y gcpemes is considerably lower than 100% due to significant

un_de_r high load case because it Uses more channels_ per flow tharI’1eader overhead, since we only count the application payload to-
Wi-Fi and Random Access and experiences more collisions. wards the throughput. Second, the performance gaiGRNIA
increases with the data rate. For example, it is 30% better than
CSMA under 1 Mbps, 33-36% better than CSMA under 2-8 Mbps,

= 80 1 gsmgv': """ f_ """ 1 38-50% better than CSMA under 16-32 Mbps, and 58% better than
& 70+ CSMA B e CSMA under 64 Mbps. As the wireless link capacity constantly in-
:E: 60 4. R_ACCESS--&3-- | creases, the carrier sense overhead is becoming increasingly signif-
2 50 A *»»-.ﬁ,\f‘f_"':' © | icant. CRMA is an effective approach to harnessing ever-increasing
= e e— data rates.
3 40 v 1
£ 30 :
g 20 . N T —
ool t® 2 09 CSMA  — S
e . . ) R_ACCESS-&-
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Figure 5: Performance comparison in short-distance networks, T 06
using random channel selection. 5 05 | Koy
Effects of payload sizes:Next, we evaluate the impact of pay- £ ' O Q@@ ﬁ%
load size on the performance of all schemes. We omit the curve 2 04 ¢ GG BB BB
of CRMA-VF, sinceCRMA-VF has similar performance &RMA 0.3 s ‘ R
when the number of physical flows is close to the number of chan- 1 2 4 8 16 32 64
nels. We use 8 flows, the 5 GHz network, and vary the payload Data Rate (Mbps)

size from 100 bytes to 1500 bytes. Short packets are common infigyre 7: Performance comparison under varying data rate,
networks e.g., TCP/ACK and VoIP. As shown in Figure 6, the per-  ysing least-used channel selection.

formance benefit o€ERMA increases as the packet size decreases.

For 1000-1500 byte packetSRMA performs 57-73% better than

CSMA, 103-107% better than Wi-Fi, and 139-140% better than 5. TESTBED EXPERIMENTS

Random Access. The improvement increases to 99-130% over We implemeniCRMA on top of the default OFDM implementa-

CSMA, 134-166% over Wi-Fi, and 150-166% over Random Ac- tjon in the GNU Radio/USRP platform [39]. Below we introduce
cess for 400-600 bytes. As the packet sizes decrease to 100-20Qur experiment methodology, and present performance results.

bytes, corresponding to VolP and TCP/ACK, the beneftRMA

increases to 208-308% over CSMA, 248-361% over Wi-Fi, and 5.1 Experiment Methodology

208-266% over Random Access. We conduct our experiments in the 5 GHz spectrum space to
Effects of data rates: Figure 7 shows the normalized throughput avoid interference with our campus WLAN network. Unless oth-
as we vary the total data rate of all channels from 1 Mbps to 64 erwise mentioned, we use a total of 0.39 MHz spectrum, which
Mbps. The normalized throughput is defined as the ratio between consists of 200 subcarriers, each with 1.95 KHz. We patrtition the
the achieved application throughput versus the total dataeate ( spectrum into two channels when performing experiments of two
throughput of 1 Mbps under 2 Mbps data rate corresponds to 0.5flows. We use BPSK as the modulation scheme. To evaluate the
normalized throughput). We show normalized throughput because performance, it is necessary to have collisions. We generate col-
the y-axis spans a significant range due to the large difference inlisions in the following way. We first separately log the signals in
data rates, which makes it hard to see the relative performance ofthe time domain without collisions. Then we add them up to mimic
various schemes if plotted in absolute numbers. collisions and give the resulting signals to our decoder. We feed
We make two observations. First, across all data rateslA has the decoded signals output by our decoder to the GNU Radio re-
higher efficiency than other protocols: its efficiency is 70%-72%, ceiver to measure the packet delivery rate (PDR) and bit error rate



. is defined as the fraction of frames that our algorithm we use aroun packets to quantify the accuracy. In all cases,

(BER). PDR is defined as the fracti f fi that Igorith d 400 kets t tify th In all

can successfully decode. the correlation-based detection correctly identifies the source ID.
The decoding ratio is significantly affected by signal strength. gtects of updating channel estimatesThe wireless channel varies

GNU Radio does not have a unit for t_he received S|gnal s_trength, over time. We find that without updating channel estimates the

S0 we use a spectrum analyzer to calibrate the received signal and,, et delivery rate is low and the BER rises quickly with increas-

compute SINR. ing bit positions in the frame because the channel estimation of the

5.2 Performance Results later bits becomes inaccurate.

Accuracy of preamble detection: We first evaluate the accuracy Channel update interval (# High SNR || Low SNR
of preamble detection using signal correlation described in Sec- OFDM symbols)

tion 3. We have a pair of senders transmit frames back-to-back 20 60% 29%
without any carrier sensing. The receiver runs the correlation algo- 10 71% 57%
rithm to detect the preambles. The preamble has one OFDM sym- 5 9504 80%

bol. We quantify the accuracy of preamble detection u$ahsp 3 98% 05%
positive andfalse negative under different values of SINR. A false 1 98% 96%

positive indicates that our algorithm detects a preamble that is ac- ) ) ) )
tually not present and a false negative indicates that our algorithm Table 1: Packet delivery rate with varying update intervals.

fails to detect a preamble that is actually present. 1000-byte packets, SINR=3 at the high SNR node and -3 at the
In order to identify a false positive and a false negative, we ob- 0w SNR node.
tain the ground truth as follows. We start the first sendiend then Table 1 summarizes the packet delivery rates with varying inter-

record the clean preamble from it and measure the inter-packet ar- 5|5 of updating the channel estimates. Reducing the update period
rival time, which remains constant throughout the experiment due f5m 20 OFDM symbols to 10 OFDM symbols improves packet

to the absence of carrier sense. We then start the séhdehich delivery rate by 10-30%; further increasing it to 3 OFDM symbols
collides with A for 500-600 times at each value of SINR. We then  jmnroves packet delivery rate to 95-98%.

stop the sendeA and measure the inter packet arrival time from

B. We can now backtrack into the collisions df and B. and Effect of SINR on decoding accuracy:Table 2 and Table 3 show

figure out all the positions wheré and B's packets would have ar- the packet delivery rates for 500-byte and 1000-byte packets when
rived. This is then compared against the preambles detected based/® UPdate the channels every 3 OFDM symbols. We observe that
on correlation, where we automatically detect a spike in correlation CRMA can decode packets from both high and low SNR senders.
whenever the correlation value exceeds a threshold, which is set’he decoding probabilities are lower when the SNR is close to

to be proportional to the amplitude of the clean preamble received €70 due to possible signal cancellation. When the receiving sig-
from the sender. nal strength is larger than 7 dB, the capture effect dominates. In

As shown in Figure 8, the false positives and false negatives are SUCh cases, the stronger signals have high decoding rates, but the
0 when the SINR is as low as -2. Further reducing SINR slightly weaker signals have low decoding rates. Other collision decoding
increases the false positives while the false negatives remain 0. WeSChemes, such as [16], have similarly low decoding rates in this

can adjust the threshold used to detect correlation spike to tradeoffc@S€ €9, its BER is 0.016 when the SNR is -8.7 dB, which is
between false positives and false negatives. close to 0 frame delivery rate for 500-byte or 1000-byte frames).

We can use partial packet recovery to extract correct symbols from
partially correct frames to improve performance.

30
257 ] SINR (dB) | High SNR [ Low SNR
g 2 ] 0 42% 42%
> 157 1 95 % 90%
5 10} 3 98% 95%
g 57 ] 5 99% 90%
a0 7 97% 0%
False Positive —_— . . .
. False Negative =~ - Table 2: Packet delivery rate with varying SINR. 500-byte
6 4 2 0 2 4 6 packets, channel estimates updated every 3 OFDM symbols,
SINR (dB) where SINR in the table is reported by the high SINR node

) ] and the low SINR node sees-SINR.
Figure 8: Accuracy of preamble detection.

Accuracy of sender and receiver ID detection:In this experi- _
ment, we quantify the accuracy of identifying the source using the SINR (dB) | High SNR | Low SNR

correlation technique described in Section 3.2. The detection ac- 0 25% 25%
curacy of identifying the receiver should be the same. We assign 1 98% 95%
each sender ID with a unique PN sequence and add it right after 3 98% 95%
the frame preamble. The receiver first records the PN sequence re 5 100% 98%

ceived from each of the senders during a clean transmission. Let 7 99% 0.09%
s; denote the received PN sequence from send&/henever the
receiver detects a preamble, it runs correlation against’alnd
determines the source as the one that gives the highest spike in th
correlation. We vary SINR from -6 to 6 dB. At each SINR value,

Table 3: Packet delivery rate with varying SINR. 1000-byte
packets, channel estimate updated every 3 OFDM symbols,
where SINR in the table is reported by the high SINR node
and the low SINR node sees-SINR.
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Figure 9: Amplitude and angle before and after using Equa-
tion 5 to fix the impact of collision offset. The offset is 10. In
the first subfigure, all three curves almost entirely overlap since
the amplitude of the signals before and after having an offset is
quite similar, and so the difference is not visible in this small
plot. Similarly, in the second subfigure, the angle without offset
and the angle that is fixed using our technique almost entirely
overlap which means that Equation 5 is working well. Note
however, the angle with offset is not the same.

Effects of misalignment: In CRMA, we can decode collisions with
offsets up to the length of the Cyclic Prefix (CP). In practice, FFT
itself is robust against a few misalignments, so the actual misalign-
ment that can be tolerated is slightly higher than the CP length. We
use a CP of length 128 in the following experiments.

First, we show our approach in Section 3.7 can correctly decode
misaligned transmissions. Specifically, a receiver receives two col-
liding signalsA and B, and A arrives earlier tharB by 10 sam-
ples (there are 512 samples in our FFT windows) in the time do-
main. LetF''T'(B) andF F'T(A+ B) denote the signals after FFT
for B and the colliding signals, respectively. If the offset is zero,
one should expect th&t F'T(A + B) = FFT(A) + FFT(B)
or FFT(B) = FFT(A+ B) — FFT(A). When the offset is
not zero, FFT(B) # FFT(A + B) — FFT(A) as shown by
the curves marked as 'amplitude/angle without offset’ and "ampli-
tude/angle when offset = 10’ in Figure 9, respectively. However, by
using Equation 5 the offset signal can be readily fixed, and so the
curves marked as 'fixed amplitude/angle when offset = 10’ com-
pletely overlap with 'amplitude/angle without offset’.

angle differs by a significant amount. After applying our approach,
the new signal has almost the same amplitude and angle as the orig-
inal signal without any offset ., the first and third curves overlap

in both plots). This indicates our approach can correctly decode
misaligned signals.
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Figure 10: Packet delivery rate for two senders. The SINR be-
tween the two received signals is 3, and the packet size is 1000
bytes.

We further quantify the accuracy of decoding two colliding sig-
nals with misalignment ranging from 0 to 140. As shown in Fig-
ure 10,CRMA can accurately decode collisions up to 140 sample
offsets. Beyond that, the FFT window does not contain complete
OFDM symbols and has difficulty in decoding the symbols, as we
would expect.

6. RELATED WORK

Our work is related to the research on (i) decoding collisions, (ii)
CDMA, and (iii) channel assignment and channel hopping, which
we briefly describe below.

Decoding collisions:The capability of receiving multiple wireless
frames simultaneously has been an active research topic. For ex-
ample, [7] and [38] provide theoretical analysis of potential gain of
multiple frame reception using advanced signal processing and an-
tenna array techniques. [41] proposes successive interferanee c
cellation to decode collisions. The authors in [10] build a prototype
of SIC on ZigBee and experimentally demonstrate its effectiveness.
A major limitation of SIC is that it is applicable only when the in-
formation rate is lower than what the current SNR can support. To
overcome this limitation, ZigZag [8] develops a novel approach to
decode using multiple collisions. It exploits varied offsets in differ-
ent collisions. It first decodes all interference-free symbols using a
standard decoder and then re-encodes those symbols and subtracts
them from the collision that overlaps with those symbols. It itera-
tively applies this technique to decode entire frames. It has a known
issue of error propagation since decoding future symbols relies on
the correct decoding of previous symbols. Different from ZigZag,
our decoding algorithm avoids such error propagation since we
decode individual symbols independent of other symbols. Ana-
log network coding proposed in [13] can also decode collisions,
but it requires a receiver to have one of the two colliding frames,
which does not hold in general. Moreover, SIC, ZigZag, and analog
network decoding are different ways to decode collisions whereas
CRMA leverages the ability of decoding collisions to build a MAC
protocol.

[9] applies the combination of interference alignment and in-
terference cancellation to decode colliding signals in MIMO net-
works. [37] exploits MIMO to provide spatial multiple access in

Note that the amplitudes in all cases are almost the same but thewireless LANs and decode colliding signals. Both [9] and [37]



require the wireline network connecting APs for coordination and ing efficiency. We are interested in evaluating the performance un-
work only under MIMO. der higher data rates in the future. Thi@RMA currently incurs

CDMA: Our coding-based spectrum allocation is related to CDMA. overhead in order to ensure the number pf active transmissions is
However, the existing CDMA schemes have several limitations that N0 more than the number of channels being used. We plan to ex-
make them either impractical or inefficient. Synchronous CDMA Plore decoding algorithms that can gracefully degrade as the num-
assigns users with orthogonal codes and other users’ transmission&€r of active transmissions increases beyond the number of chan-
do not cause any interference. Its major limitation is that the or- nels. Fourth, we are interested in developing a full-fledged pro-
thogonality of codes is only guaranteed when all the transmissions ©0tyPe implementation and more extensively evaluating its perfor-
are synchronous, since it is mathematically impossible to gener- Mance in a wide range of scenarios.

ate orthogonal codes with arbitrarily random offsets [4, 42]. Asyn- Acknowledgments: This research is supported in part by NSF
chronous CDMA addresses this issue by encoding the signals usinggrants CNS-1017549 and CNS-0916106. Tianji Li is supported by
"pseudo-random" or "pseudo-noise” (PN) sequences. Thepdo n Irish Research Council for Science, Engineering and Technology.
require synchronization. However, different PN sequences are sta We thank Kun Tan for answering our questions about the physical
tistically uncorrelated and signals coded with other PN sequenceslayer, and thank Romit Roy Choudhury and the anonymous review-
produce Multiple Access Interference (MAI) [4, 42]. Therefore, ers for their valuable comments.

unlike synchronous CDMA, other users’ signals interfere with the

desired signal and the amount of interference is proportional to the
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