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Abstract— Traditional methods for resolving random access
contentions usually work in the MAC layer only without consid-
ering the rich information of the physical layer signal. Most of
them suffer from low efficiency and lack of priority scheduling
capability. This paper shows that advanced signal processing
techniques can be used for complete contention resolution, i.e.,
packet collisions can be either avoided or exploited. This task
can be realized by designing jointly the physical layer signal
separation algorithm and the MAC layer smart scheduling
protocols. An innovative property is that packet priority, and thus
QoS, can be guaranteed along with high transmission efficiency
in random access wireless networks with unknown multiple users.

I. INTRODUCTION

Wireless spectrum resources are becoming scarce with the
explosive increase of wireless services. Future fourth gener-
ation cellular systems, mobile Internet, and other multimedia
wireless services will only make this problem more severe. It
is critical to develop wireless networks with optimal spectrum
efficiency. Random access protocols are thus promising, e.g.,
slotted ALOHA for access negotiation in cellular systems,
CSMA-like or RTS/CTS protocols in IEEE 802.11 wireless
LAN [5], and reservation-based ALOHA in HiperLAN/2 [6].

Unfortunately, random access schemes suffer greatly from
contentions which reduce throughput. More importantly, they
do not support packet priority. Collisions result in uncon-
trollable transmission delays which make it difficult to meet
various QoS requirements.

Contention resolution is challenging in wireless networks
because carrier sense and collision detection become difficult
in multipath fading environments [9], [12]. The efficiency of
traditional approaches is usually low. For example, through-
puts are 0.37 for slotted ALOHA [9], 0.6−0.8 for reservation-
based ALOHA [4], less than 0.6 for tree-splitting algorithms
[3] [4]. Specifically, reservation based protocols have attracted
much attention because of higher efficiency, e.g., reservation-
based ALOHA, PRMA [9] and RTS/CTS.

All these traditional techniques can not completely resolve
contentions. One reason is that collided signals are discarded
instead of utilized. This problem may be ascribed to two
reasons. First, contention resolution is traditionally considered

in the MAC layer only [1], [14], whereas collided signals are
processed in the physical (PHY) layer. Second, many schemes
originate from those developed decades ago when advanced
signal processing techniques were not available [10].

A promising way to improve random access efficiency is to
utilize the rich information of the physical layer signals, espe-
cially the collided signals. A typical example is the application
of CDMA multi-packet reception capability [11]. However, the
signal separation capability of CDMA receiver is limited, even
with multi-user detections [8]. Collisions involving too many
users still result in lost packets. This becomes more severe in
systems with unknown multiple users. Another more recent
approach is to apply advanced signal separation techniques
directly with/without retransmitted packets [12] [13]. Although
near-unity throughput may be achieved, they suffer from many
practical problems such as ill channel conditions and high
computational complexity [7]. The most important deficiency
is that because no priority can be applied to the collided
packets, QoS may still be a problem. In addition, they do
not work in systems with unknown multiple users.

We show in this paper that collided packets can be separated
and utilized by applying jointly PHY layer signal separation
(or multiuser detection) and MAC layer smart scheduling pro-
tocol. The new method differs from most traditional contention
resolution techniques [1] in that advanced signal processing
techniques are used. Compared with other signal processing-
based techniques [12], it preserves the priority and hence QoS
information, and works in systems with unknown multiple
users. Importantly, it is computationally efficient and robust,
i.e., does not suffer ill-channel or near-far conditions.

This paper is organized as follows. In Section II, the system
model is described. In Section III, we present the proposed
method. Then this method is analyzed in Section IV. In
Section V, simulations are performed. Finally, conclusions are
presented in Section VI.

II. SYSTEM MODEL OF WIRELESS NETWORKS

The wireless network considered in this paper has a central
controller and multiple unknown mobile users. The central



controller can be simply a mobile user. The required task of the
central controller is to schedule random access. The network
structure may be similar to a cellular system, or wireless
LAN with access points [5]. It may also support peer-to-peer
communication, i.e., each user can communicate directly with
all other users. An example is the ad hoc network structure
specified in the Bluetooth Specifications [2].

We assume that the number of mobile users is unknown,
which may happen in many cases, e.g., ad hoc, random ac-
cess, dynamic or security networks. Therefore, random access
schemes are required.

Data packets 
...

Access request packets
(Controller & Users)

Access request packets
(Controller & Users)

... ...Data packets 
(Users)(Users)

Fig. 1. Packet flow in the wireless networks.

The traffic flow in the proposed system consists of access
request packets and data packets, as shown in Fig. 1. The
access request packets are used for the users to request channel
access from the central controller and for the central controller
to assign the access priority. Because data packets in wireless
systems are usually long [5], if the access request packets are
much shorter, then system throughput may not be severely
degraded by the overhead of the access request packets.

When the central controller senses that the channel is free,
it broadcasts to all users a beacon (short message) asking
for access request. Then the access request period begins.
Every user who holds data packets for transmission, whom we
call active user, sends an access request packet to the central
controller. Clearly, collision happens if there are more than
one active user. From the received (possibly) collided signal,
the central controller detects each active user and assigns it
the access priority, i.e., informs it to transmit data packet.
Therefore, the selected user can transmit data packets without
collision during the data packet period.

Because the signal from the central controller to users is
often contention-free, we consider in this paper only the signal
reception performed at the central controller during the access
request period.

III. RANDOM ACCESS CONTENTION RESOLUTION

A. Access Request Packets

Since the total number of users may not known, it is
impossible to assign each of them a unique code. Instead,
we design a finite number of known codes, which are then
randomly selected by each active user.

Assume that there are K different codes with length M

cT
k = [ ck(0), · · · , ck(M) ], k = 0, · · · ,K − 1. (1)

Each user j who holds data packet for transmission generates a
random integer aj with uniform distribution in [0, A−1]. Then
aj can be represented with base K, i.e., aj =

∑I−1
i=0 aj,iK

i

where the integer coefficient aj,i satisfies 0 ≤ aj,i < K.
After generating the integers aj,i, 0 ≤ i ≤ I − 1, the user j

transmits the code caj,0 [c.f. (1)] when it receives the central

controller’s beacon which indicates a new iteration of access
request. So do all active users. We define the time between
two initializing beacons as a transmission period.

B. Received Signals at the Central Controller

Although we described in Section III.A the transmission of
code caj,i

for i = 0 only, each user will be asked later by the
central controller to transmit all other codes caj,i

, 1 ≤ i ≤
I − 1. Therefore we consider the general case that the user j
transmits the code caj,i

, where 1 ≤ j ≤ J , 0 ≤ i < I and
0 ≤ aj,i < K.

Consider noiseless case first. For J active users, the received
signal at the central controller is

x(n) =
J∑

j=1

xj(n) =
J∑

j=1

hH
j




caj,i

(n− dj)
...

caj,i
(n− dj − Lj)



 , (2)

where hH
j = [hj(0), · · · , hj(Lj)] denotes the channel,

and dj is the transmission delay (asynchronous). The delay
dj and the channel length Lj are both unknown. Without
loss of generality, we over-estimate them as dmax and Lmax,
respectively.

In order to avoid boundary effects, we consider a limited

range of samples x(n) with N
�
= dmax + Lmax ≤ n ≤ M .

Then we construct the sample vector

xT (N) = [x(N), · · · , x(M)] =
J∑

j=1

hH
j Caj,i

(N − dj), (3)

where

Caj,i
(N − dj) =




caj,i

(N − dj) · · · caj,i
(M − dj)

...
...

caj,i
(N − dj − Lj) · · · caj,i

(M − dj − Lj)



 .

Because some users may happen to select the same code
ck, some of the matrices Caj,i

(N − dj) in equation (3) may
contain the same rows for different user j. We do not try to
separate them at this moment. Instead, we detect them together
as a group with code ck. In other words, we detect and separate
different codes ck. By this way, we effectively change the
problem of separating unknown (large) number of active users
into the problem of separating finite (at most K) codes. The
latter is considerably simpler.

We need to combine those matrices Caj,i
(N − dj) which

have the same code. Define the set of users who transmit the
same access request code ck as

Jki = {j : caj,i
= ck, 1 ≤ j ≤ J},

0 ≤ k ≤ K − 1, 0 ≤ i ≤ I − 1. (4)

Then combining the signals from those users who transmit the



same code ck, we get

x̃T
k (N) =

∑

j∈Jki

hH
j Ck(N − dj)

=
∑

j∈Jki

[0j1,hH
j ,0j2]C̃k

�
= h̃H

k C̃k, (5)

where 0j1 and 0j2 are with dimensions 1 × dj and 1 × (N −
dj − Lj) respectively, and

C̃k =




ck(N) · · · ck(M)

...
...

ck(0) · · · ck(M −N)



 . (6)

After combining the same code ck in (5), we can then
rewrite the received signal in (3) accordingly. Define the set

Ki = {k : k = aj,i, 1 ≤ j ≤ J, 0 ≤ k ≤ K − 1},
0 ≤ i ≤ I − 1, (7)

which consists of the index of all the codes ck that are
transmitted by the active users as the ith access request
packets. Then the received signal (3) can be written as

xT (N) =
∑

k∈Ki

h̃H
k C̃k. (8)

Hence in (8), the received signal is represented by all the
transmitted codes and their corresponding equivalent channels.
Base on it, we can detect and separate each individual code
ck from x(N).

C. Code Separation by Multiuser Detection Principles

Consider the noiseless received signal x(N) in (8). Since it
contains at mostK different symbol matrices C̃k, we construct
the matrix

B =




C̃0

...
C̃K−1



 (9)

which is with dimension K(N + 1) × (M −N + 1) from (6).
Proposition 1. With proper codes ck and M ≥ (K+1)N+

K − 1, we can obtain a matrix B with full row rank.
Proof. See [15].
If B is full row rank, then we can find K vectors fk, k =

0, · · · , K − 1, such that

C̃�fk =
{

1, if � = k,
0, if � 
= k.

(10)

where the vector 1 = [1, · · · , 1]T . Applying the vectors fk on
the received sample vector x(N) (8), and assuming h̃H

k 1 
= 0,
we have

xT (N)fk =
{

0, if k 
∈ Ki,

h̃H
k 1, if k ∈ Ki.

(11)

Therefore, from the value of xT (N)fk to be zero or not,
the central controller can determine whether the code ck is
transmitted or not.

In the noisy case, from (3) the received sample vector is

yT (N) =
[
y(N) · · · y(M)

]
= xT (N) + vT (N), (12)

where vT (N) = [v(N), · · · , v(M)] is AWGN with zero
mean and variance σ2

v . Then (11) changes to

zk = yT (N)fk =
{

vT (N)fk, if k 
∈ Ki,

h̃H
k 1 + vT (N)fk, if k ∈ Ki.

(13)

Obviously, we can find some suitable threshold value θ such
that the decision can be made according to

if |zk| ≤ θ, then k 
∈ Ki,
if |zk| > θ, then k ∈ Ki.

(14)

Note that θ can be determined from the received signal energy.
Considering that h̃H

k 1 might be zero, a method which
effectively combines the energy of all the channel coefficients
can be developed with vectors g� such that Bg� = e�, � =
0, · · · , K(N + 1) − 1. Details are shown in [15].

D. Random Access Scheduling Protocol

In the beginning of a transmission period, the central
controller broadcasts an initialization beacon. Each active user
j transmits a code caj,0 . The central controller then determines
the groups with active users, which we define as active group.
For each active group, the central controller broadcasts a new
message asking the group members to transmit another access
request packet. Then each active user j in this group transmits
the second code caj,1 . The central controller can detect and
separate them into smaller active groups again. This procedure
continues until all the codes caj,I−1 are transmitted. After
all groups are processed, the central controller then has the
information about all active users. It can arrange them to
transmit data packets according to their priorities.

As long as each active user j has a different (unique)
random integer aj during the transmission period, there is
only one user in each final active group, and thus no collision
happens for data packet transmission. This can be satisfied
by assigning unique numbers to users if they are known or
become known during the access request procedure. On the
other hand, in systems with unknown users and thus unique
number can not be assigned, we can use a large A to make
the collision probability arbitrarily small. Priority information
can be represented by the numbers, e.g., different ranges in A
represent different priorities.

This procedure is performed recursively, as in a tree dia-
gram. It is similar to the tree-splitting algorithm [3]. The key
difference is that we apply signal processing to separate and
utilize collided packets. Therefore, our methods can achieve
higher throughput with small delays, whereas other tree-
splitting algorithms have lower throughput, usually less than
0.6 [4]. Another important advantage of our method is that
packet priority can be guaranteed.

The computational complexity is as low as O(M) for each
user since K is usually much smaller than M . Hence it
is efficient enough for on-line implementation. In addition,
it is robust against the near-far problem because it utilizes



the multiuser detection principles, i.e., the signals from all
other active users are completely canceled from zk except the
desired ones.

IV. PERFORMANCE ANALYSIS

A. Probability of Data Packet Collision

Since the collision of access request packets can be resolved
completely, only data packet collision is analyzed here. In
addition, we consider a detection error-free situation.

Proposition 2. The probability of data packet collision is

Pc(u) = 1 −
u−1∏

i=0

A− i
A

, (15)

when u data packets contend for transmission.
Proof. See [15].
From (15) we see that the collision probability decreases

when A is larger. The choice of A is a trade-off between the
overhead from access request packets and the overhead from
collision/retransmission. Fortunately, in wireless systems, the
length of the data packet is usually very long, which gives us
freedom in choosing A.

B. Probability of Detection Error

The probability of error in the active group/user detection
can be easily obtained from (14). The detection error either
keeps some active groups from data transmission or brings
some empty data slots unoccupied. The first one does not
decrease system throughput because it produces neither data
packet collision nor empty slots. Therefore, in order to reduce
the loss in throughput, we can increase the detection threshold
θ (14), which reduces the error rate of the second type.

C. System Throughput and Efficiency

Let the length of data packets and access request packets
be Ld and La respectively. We define

β0 =
number of data slots for successful data packets

number of data slots
.

(16)
In addition, we define βa as the ratio of the number of slots
for access request packets to the number of data slots, i.e, the
average number of access request slots for each data slot.

Proposition 3. The average throughput is

β = β0
Ld

Ld + βaLa
. (17)

Proof. See [15].
From (17), we can increase throughput by reducing βa or

La.
In order to evaluate the overhead of the access request pack-

ets, we define the system efficiency in one transmission period
as the ratio of the successfully transmitted data symbols to the
total number of symbol intervals. We denote the efficiency by
α(u). It can be looked as the instantaneous throughput, whose
average value gives the throughput.

Proposition 4. Without detection error and data packet
collision, the system efficiency satisfies

Ld

Ld + ILa
≤ α(u) ≤ uLd

uLd + ILa
. (18)

Proof. See [15].
Proposition 5. With collision probability Pc(u) (15), the

expected efficiency E[α(u)] (without detection errors) satisfies

Ld

Ld + ILa
(1 − Pc(u)) ≤ E[α(u)] ≤ uLd(1 − Pc(u))

uLd(1 − Pc(u)) + ILa
.

(19)
Proof. See [15].
As long as Ld  ILa, the proposed method can guarantee

a high efficiency, and thus a high throughput. The upper bound
depends on the traffic load. If u is large enough, then it
approaches 1.

D. Packet Delay

Let the transmission time for each data packet be γd and
for each access request packet be γa.

Proposition 6. Without detection error and data packet
collision, the delay of the first data packet is γd + Iγa,
whereas the delay of the last one is within [uγd + (I +∑I−1

i=1 �u−1
Ki �)γa, uγd + Iuγa].

Proof. See [15].
Since the collision probability is very small, the delay of the

proposed protocol can be extremely lower than others such as
ALOHA or CSMA.

V. SIMULATIONS

In this section, we first investigate the performance of the
access request separation algorithm with decision error rate
(DER) as measurement. Second, we compare the new protocol
with ALOHA and CSMA [9] in terms of throughput and delay.

We use A = 512, K = 8, I = 3, N = 6, M = 64. The
8 codes are obtained randomly from the long code of IS-95
based CDMA systems. Ld = 2000. La = 100. The number of
data packets was generated with Poisson distribution. Channels
as well as transmission delays dj were generated randomly. We
applied random near-far transmission within 10dB for each
user.

The DER as a function of SNR is shown in Fig. 2, where
the offered traffic load of 1 and 0.5 were applied. It can be
seen that satisfactorily low detection errors can be achieved
for even low SNR.

The throughput performance is shown in Fig. 3. It is clearly
seen that the new protocol can achieve much higher throughput
than ALOHA and CSMA. Especially if the DER is not too
low, it can achieve almost the offered traffic load if the latter
is less than 1.

The average packet delay performance is shown in Fig.
4. The new method has much smaller packet delay than the
ALOHA.
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VI. CONCLUSIONS

In this paper we present a new method which utilizes
signal processing, specifically, multiuser detection principles,
to resolve random access contentions. The central controller
schedules random access based on users’ short access request
packets, whose collisions are completely resolved through
signal separation. Data packets are then transmitted with
arbitrarily small collision probability in systems with unknown
multiple users. In systems with known users, collisions can be
completely resolved.

The analysis and simulation results show that the new
method has superior performance compared with traditional
random access methods. The efficiency of the proposed
method is high, and can be further enhanced by adaptive
techniques. Another advantage of the new method is the
priority and QoS preserving capability. These properties will
be investigated in the future.
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