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Abstract— Transparent contention means that receivers and/or
transmitters know the random access contention before data
packet transmissions. With transparent contention, channel ac-
cess can be scheduled to avoid packet collisions. More important,
packet priority and QoS can be conveniently managed. This
paper proposes new methods which make contention transparent
in random access wireless networks. Packet collisions can be
completely resolved with the help of orthogonal complementary
codes. System throughput approaches the offered load up to near
unity. A joint layer design approach is proposed for both the
physical layer signal detection algorithm and the MAC layer
random access protocol. Theoretical analysis and simulations
demonstrate its superior performance.

I. INTRODUCTION

With the increasing requirement of wireless multimedia
communications, it is critical to develop packet multiple ac-
cess schemes to utilize efficiently limited spectrum resources.
Random access protocols are popularly considered. However,
their performance is greatly degraded by packet collisions. In
wired networks, carrier sense multiple access with collision de-
tection (CSMA/CD) is effective. Unfortunately, its efficiency
degrades greatly in wireless networks because carrier sense
and collision detection become difficult in multipath fading
environments [6] [9]. Many other random access protocols [8]
suffer similarly.

ALOHA-based random access protocols, although with ef-
ficiency problem, are still widely investigated and applied in
practice due to their simplicity and robustness, e.g., the slotted
ALOHA in GSM and GPRS cellular systems [6]. To improve
efficiency, reservation techniques are usually integrated with
ALOHA, e.g., HiperLAN [3], PRMA [6] in voice/data trans-
mission, and RTS/CTS [4]. A typical reservation-ALOHA is
that some slots are subdivided into several mini-slots which are
used for channel reservation only [1]. However, although con-
tentions among data packets can be reduced with reservation
techniques, contentions in the mini-slots are increased, which
still degrades system performance, sometimes even more
severely. In addition, long mini-slots also reduce efficiency.

All these traditional techniques can not completely resolve
contentions. System performance is still degraded by packet
collisions. More importantly, quality of service (QoS), which

is critical to multimedia communications, becomes difficult.
Some of their common features are that the problem is
addressed in the MAC (medium access control) layer only
and collided packets are simply discarded instead of utilized.

By considering jointly the physical layer and the MAC layer,
more effective ways are available for contention resolution.
Some approaches were proposed which utilize signal separa-
tion for collision resolution [9]. However, they suffer from
many practical problems such as ill channel conditions and
high computational complexity [5]. More importantly, they do
not support packet priority. Hence QoS may still be a problem.

In this paper, we present a new method which designs
jointly the physical layer signal separation algorithm and the
MAC layer random access protocol to resolve contentions
completely. Signal separation in the physical layer is used
for collision resolution, which is simplified and made robust
by the MAC layer transmission scheduling. In addition, MAC
layer scheduling can be performed without the affection of
collisions with the help of the physical layer signal separation.
In this way, packet collisions can be completely avoided or uti-
lized, hence do not degrade system performance. Furthermore,
because random access contentions are transparent, traffic
scheduling may become an easy task. Hence it may be more
effective for system designs with both high throughput and
guaranteed QoS.

This paper is organized as follows. In Section II, the
contention system model is described. In Section III, we
present the new method, which is then analyzed in Section
IV. In Section V, simulations are performed to demonstrate its
performance. Finally, conclusions are presented in Section VI.

II. SYSTEM MODELS

A. Wireless Random Access Network

The wireless network considered in this paper has a central
controller and multiple mobile users, such as cellular systems
or wireless LAN [4]. Each mobile user has a unique ID after
registering into the network. The central controller schedules
random access of all users to a single slotted channel, and
maintains slot synchronization. In order to reduce data packet
collisions, access request slots are designed, during which



mobile users can send access request packets to request for
channel access. The slot structure is shown in Fig. 1, which
is similar to many reservation-based random access protocols
[8].
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Fig. 1. Structure of packet slots.

The channel is subdivided into a sequence of frames in
the time domain. Each frame contains one access request slot
and multiple data packet slots. We define the users who hold
data packet for transmission in a frame as active users. In the
beginning of each frame, the central controller broadcasts a
beacon (short message) to all users asking for access request.
Every active user then sends an access request packet to
the central controller during the access request slot. Clearly,
collision happens if there are more than one active users. From
the received (possibly) collided signal, the central controller
detects all active users, and assigns them data packet slots
according to some access priority such as QoS requirements.
Therefore, the active users can transmit data packets without
collisions.

In Fig. 1 only the uplink channel from mobile users to
the central controller is illustrated. Downlink transmission can
be performed in data slots or in another channel, which is
contention-free and thus omitted in this paper. In addition,
information about how many packets each active user has can
be piggybacked in the data packets.

B. Access Request Packets

One of the major differences between the proposed method
and traditional reservation-based approaches is how the access
request slot is used. Traditional ones typically subdivide this
slot further into several mini-slots [1]. However, the number of
mini-slots in each frame is limited. Collisions in the mini-slots
may severely degrade system performance.

In contrast, the access request slot in the proposed method
is not further subdivided. All active users simply transmit their
access request packets at the same time. In order for the central
controller to detect active users from the collided signal, the
access request packets should be compactly designed so that
sufficient processing gain can be achieved for every user within
a short slot. We will show that this task can be done with
orthogonal complementary codes.

C. Orthogonal Complementary Codes

Orthogonal complementary (OC) codes [2], [7] are code set
{ci,j(�)} with parameters

i = 0, · · · , I − 1, where I is the flock size,
j = 0, · · · , J − 1, where J is the family size,
� = 0, · · · , Lc − 1, where Lc is the code length.

Each code set contains I flocks. Each flock contains J family
members, whereas each family member is a code sequence
with length Lc. We define the family members as code

vectors ci,j
�
= [ci,j(0), · · · , ci,j(Lc −1)]T , where (·)T denotes

transpose.
The auto-correlation of the same flock is zero except at 0-

delay, whereas the cross-correlation between different flocks
is zero. Define the Lc × Lc shifting matrix as

J
�
=





0

1
. . .
. . .

. . .
1 0




. (1)

Then the OC codes satisfy the correlation property

J−1∑

j=0

cH
i,jJ

nck,j = JLcδ(i − k)δ(n),

n = 0, 1, 2, · · · ; i = 0, · · · , I − 1; k = 0, · · · , I − 1, (2)

where (·)H denotes Hermitian. Examples of the OC codes can
be found in [2], [7] with I = J =

√
Lc.

III. ACCESS REQUEST AND DETECTION

A. Access Request Packet Design

Assume there are altogether U users in the network. We
subdivide them into I groups corresponding to I flocks of
codes. Each group contains at most D = �U/I� users, where
�x� denotes the minimum integer not less than x. We denote
the users uniquely as ui,d, where i = 0, · · · , I − 1, and the
integer d satisfies 0 ≤ d ≤ D − 1.

The access request packet for the user ui,d is designed as
the sequence

bT
i,d = [0dG, ci,0,0DG, · · · , ci,J−2,0DG, ci,J−1,0(D−d−1)G],

(3)
where 0k is a zero vector with length k, and G is some integer
parameter. We will see later that G is the length of the guard
interval determined by delays and channel lengths. The length
of the access request packet bi,d is then

Lp = (JD − 1)G + JLc. (4)

Equation (3) shows that all the users in the same group i
transmit the same code ci,j , j = 0, · · · , J − 1, as access
request packets, with different delay dG. The access request
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Fig. 2. Structure of access request packets.

packets are illustrated in Fig. 2, where each row shows an



access request packet corresponding to the user marked in the
left.

B. Access Request Detection

Assume that the transmission is asynchronous, near-far
with frequency selective fading. Channels are assumed time
invariant within each access request slot.

Each user ui,d is with an FIR channel of length Lh(i, d),
and begins transmission after an integer delay τi,d. Let the
guarding length G in (3) satisfy G ≥ max∀i,d Lh(i, d)+ τi,d.
We can over-estimate them as Lh ≥ max∀i,d Lh(i, d), τ ≥
max∀i,d τi,d, and then G = Lh + τ .

Let the channel of ui,d be hi,d = [hi,d(0), · · · , hi,d(Lh −
1)]H with zero trailing if Lh(i, d) < Lh. Define Lp + G − 1
dimensional vector si,d(�)

�
= [ 0�, bH

i,d, 0G−�−1 ]H , 0 ≤ � ≤
G − 1. Then in Frame n (c.f., Fig. 1), the noiseless received
signal from the active user ui,d is

xH
i,d(n) = hH

i,d




sH
i,d(τi,d)

...
sH
i,d(τi,d + Lh − 1)




�
= hH

i,dSi,d(τi,d), (5)

where xi,d(n) is a vector with dimension (Lp + G − 1) × 1.
Note that n exists only in the left hand side of (5) because
the same signal is transmitted and the possible dependence of
hi,d on n is omitted to simplify notations. The received signal
at the central controller is then

yH(n) = xH(n)+vH(n) =
I−1∑

i=0

D−1∑

d=0

Ai,dxH
i,d(n) +vH(n),

(6)
where Ai,d is an indication function with value 1 if the user
ui,d is active and zero otherwise. The elements in the noise
vector v(n) are assumed AWGN with zero mean and variance
σ2

v .
Let us consider noiseless signal x(n) at first. In order to

detect whether a user um,k, 0 ≤ m ≤ I − 1, 0 ≤ k ≤ D − 1,
is active, we use the detectors

fm,k(�) =
1

JLc




0�

bm,k

0G−�−1



 , � = 0, · · · , G − 1. (7)

Proposition 1. Define the detector matrix as Fm,k =
[fm,k(0), · · · , fm,k(G − 1)]. Then in noiseless case

xH(n)Fm,k = Am,k

[
0τm,k

hH
m,k 0G−τm,k−Lh

]

�
= Am,kh̃H

m,k. (8)

Proof. Use the orthogonality of OC codes. See [10].
For noisy signals, we have

yH(n)Fm,k = Am,kh̃H
m,k + vH(n)Fm,k. (9)

If the channel is known, decisions can be made by comparing
the decision metric

zm,k(n) = max
0≤�≤G−1

1
‖hm,k‖2 yH(n)Fm,k




0�

hm,k

0G−�−Lh





(10)

with threshold γ = 1/2. If the channel is unknown, we can
simply use zm,k(n) = ‖yH(n)Fm,k‖2 and choose γ according
to the received signal energy.

C. Algorithms

As described in Section II.A, in the beginning of each frame,
the central controller asks all active users to transmit access
request packets. After receiving the collided signals, it detects
all active users as in Section III.B, and then assigns data
packet slots to active users. Since all users can request access
and be detected at the same time, access contentions become
transparent to the central controller.

The algorithms are efficient in computation. The compu-
tational complexity is O(Lp) for each user. From (4), Lp is
determined by that the number of users U times the guard
length G instead of the processing gain JLc. In practice,
G � JLc, especially if transmissions can be synchronous
or quasi-synchronous. In addition, if channels are known from
estimation, then G can be further reduced [2]. The new method
is computationally as efficient as traditional reservation-based
ALOHA such as that used in HiperLAN [3].

IV. PERFORMANCE ANALYSIS

A. Probability of Decision Error

For simplicity, we consider the problem with known chan-
nels first. From (10), decision metrics can be generalized to
zm,k(n) = Am,k+v(n), where v(n) is AWGN with zero mean
and variance σ2 = σ2

v/(JLc‖hm,k‖2). If zm,k(n) > γ, then
we choose decision H1: the user um,k is active. Otherwise,
we decide H2: it is not active. Then it becomes a standard
decision problem with optimal γ = 1/2 and decision error
rate

Pε1
�
= P (ε|H1) = Q(

1 − γ

σ
), Pε2

�
= P (ε|H2) = Q(

γ

σ
). (11)

A special property in our case is that Pε1 < 1 does not
reduce system throughput because all affected users will trans-
mit in the following frames. Therefore, we can intentionally
increase γ to reduce Pε2.

If the channels are unknown, from zm,k = ‖yH(n)Fm,k‖2

we can still analyze Pε1 and Pε2 with Rayleigh or Rician
distributions. It is skipped here for saving space.

B. System Throughput

Let the length of data packet slots and access request slots be
Ld and La, respectively. The traffic load is Poisson distributed
with an average λu packets per slot per user. Then the overall
average traffic load is λ = Uλu per slot.

We first consider the case without detection error. From Fig.
1, assume that there are j data packet slots in Frame n. Then
the probability that there are i data packets in Frame n+ 1 is

P (i|j) =
[(j + 1)λ]i

i!
e−(j+1)λ. (12)

Define the system state as the number of data packet slots
in a frame. The system can be modeled as a Markov chain



0 1 N

P(0|0)

P(N|0)

P(0|1)

P(N|1)

P(0|N)

p0 p1 pN

P(N|N)P(1|1)
P(1|0)

P(1|N)

... ... ... ...

Fig. 3. Illustration of the Markov chain.

with state probability pj and transitional probability P (i|j),
i, j = 0, 1, · · ·, as illustrated in Fig. 3.

Proposition 2. Without detection error, the average through-
put of the system is

R =

∑∞
j=0 jLdpj∑∞

j=0(jLd + La)pj
, (13)

where the state probability pj is the solution to the linear
equation array

pj

∑

i �=j

P (i|j) =
∑

i �=j

P (j|i)pi, j = 0, 1, · · · . (14)

Proof. See [10].
With detection errors, the analysis becomes more involved.

Since accurate analysis is too complex and out of the scope
of this paper, we derive only simple approximate results.

Consider Pε1 only. If in Frame n there are j data slots, then
there are on average j/(1 − Pε1) data packets requesting for
channel access, among which jPε1/(1−Pε1) data packets are
delayed until Frame n+1 due to wrong detections. Similarly,
if in Frame n + 1 there are i data slots, then there are a
total of i/(1 − Pε1) data packets. Therefore, from state j to
state i, there should be i/(1 − Pε1) − jPε1/(1 − Pε1) newly
generated data packets. Hence the transitional probability can
be approximated as

P1(i|j) = P (
i − jPε1

1 − Pε1
|j) (15)

with i−jPε1 rounded to the nearest integer (12), and P1(i|j) =
0 if i − jPε1 < 0. The Markov chain in Fig. 3 should then
be modified by substituting P (i|j) with P1(i|j). Denote the
steady state probability as p1j . From (13)-(14), the throughput
becomes

R1 =

∑∞
j=0 jLdp1j∑∞

j=0(jLd + La)p1j
, (16)

When considering Pε2 only, we can use state transition
probability P2(i|j) = P (i − iPε2|j) to calculate steady state
probability p2j . The lower bound of throughput becomes

R2 =

∑∞
j=0 j(1 − Pε2)Ldp2j∑∞
j=0(jLd + La)p2j

. (17)

Finally, consider both decision errors. The state transition
probability can be approximated as

P3(i|j) = P (
(i − jPε1)(1 − Pε2)

1 − Pε1
|j), (18)

with which the steady state probability p3j can be calculated.
The throughput can be estimated as

R3 =

∑∞
j=0 j(1 − Pε2)Ldp3j∑∞
j=0(jLd + La)p3j

, (19)

which is again a lower bound only. More details are in [10].

C. Average Packet Delay

Assume Ld = La. We first consider decision error free case.
If in Frame n there are j data packet slots, then there are j data
packets transmitted and an average of (j + 1)λ data packets
generated. The data packet transmitted in the first data slot
waits for 0 data slot, whereas the one transmitted in the last
slot waits for j − 1 data slots. The total number of waiting
data slots equals 0 + 1 + · · · + (j − 1) = j(j − 1)/2. For
the newly generated data packets, we assume that they are
generated uniformly among slots, i.e., λ packets generated in
each slot. Then the total number of waiting slots for them is
jλ + (j − 1)λ + · · · + 0λ = j(j + 1)λ/2.

Therefore, the total waiting time is j(j−1)/2+j(j+1)λ/2
in state j. The average delay can be obtained as

T =

∑∞
j=0

[
j(j−1)

2 + j(j+1)λ
2

]
pj

∑∞
j=0 jpj

+ 2, (20)

where state probabilities pj can be solved according to Propo-
sition 2.

Next, consider decision error rate Pε1. The average delay
can be approximated as

T1 =

∑∞
j=0

[
j(j−1)

2 + j(j+1)λ
2 + j(j+1)Pε1

1−Pε1

]
p1j

∑∞
j=0 jp1j

+ 2. (21)

Third, consider Pε2 only. The number of successfully trans-
mitted data packets reduces to j(1 − Pε2). Therefore the
average delay can be over-estimated as

T2 =

∑∞
j=0

[
j(j−1)

2 + j(j+1)λ
2

]
p2j

∑∞
j=0 j(1 − Pε2)p2j

+ 2. (22)

Considering both decision errors, delay is over-estimated as

T3 = 2+∑∞
j=0

[
j(j−1)(1−Pε2)

2 + j(j+1)λ
2 + j(j+1)Pε1(1−Pε2)

1−Pε1

]
p3j∑∞

j=0
j(1−Pε2)p3j

. (23)

Detailed analysis can be found in [10].
Some numerical results are shown in Fig. 4. We choose

N = 100 and Ld = La to calculate the state probabilities
(via singular value decomposition), throughputs and delays.
Decision error rates Pε1 = Pε2 = 0.1. It shows that the method
can always achieve high throughput with sufficiently small
delays. Especially, there is no throughput loss caused by Pε1.
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Fig. 4. Theoretical results. (a) Throughput vs. offered load. R2, R3: lower
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V. SIMULATIONS

In this section, we first investigate the performance of the
access request detection. The measurement is the decision
error rate (DER). Then we compare the new protocol with
slotted ALOHA (S-ALOHA) and reservation-based ALOHA
(R-ALOHA) [6] in terms of throughput and delay.

We used the codes with length Lc = 16 [2]. Channels
were randomly generated for each user with maximum length
Lh = 5. Transmission delays were also random with τ = 5.
Therefore, the guard interval length was G = 10. Random
near-far propagations were applied. We assumed Ld = La =
800, and U = 60 users sharing the access request slots.
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Fig. 5. Decision error rate of access request detection.

The DER as a function of signal-to-noise ratio (SNR) is
shown in Fig. 5, with near-far ratio 0 dB, 5 dB and 10 dB. It
shows that sufficiently low DER can be obtained.

Next, we compare our new method with R-ALOHA and
S-ALOHA. In R-ALOHA, we used 8 reservation mini-slots.
Note that the two ALOHA methods were assumed without
detection error. As shown in Fig. 6, the new method can
achieve the offered traffic load with limited increase in delays,
which fits the theoretical results as shown in Fig. 4. The S-
ALOHA has the worst performance. The R-ALOHA can not
achieve high enough throughput because of severe collisions in
the reservation mini-slots. The proposed method outperforms
the other two at mid to high system load.

VI. CONCLUSIONS

In this paper, a new method is proposed to completely re-
solve contentions in the random access wireless networks. All
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Fig. 6. Comparison of throughput and delay. (a) Average throughput (b)
Average delay. ‘New0 ◦’: new method with zero DER. ‘New1 +’: new
method with DER= 0.1. ‘R-ALOHA �’: reservation ALOHA. ‘S-ALOHA
×’: slotted ALOHA.

users can reserve channel access in the same short reservation
slot at the same time. Their collisions can be separated and
utilized. Therefore, system throughput and delay performances
are much improved. The computational complexity of the new
method is as efficient as that of traditional methods such as
reservation-based ALOHA.
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