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ABSTRACT
Large-scale Enterprise WLANs are amenable to centralized
control and coordination through the wired backbone for im-
proved performance. Distributed scheduling algorithms ei-
ther fail to achieve high performance in real deployments due
to their myopic view of interference characteristics, or take
significant time to converge to a globally optimal solution.
Thus, they are not reactive to current network conditions.
Centralized packet scheduling algorithms do not suffer from
the performance limitations of distributed approaches, but
are non-trivial to implement. Tight time synchronization
requirements make proposed centralized schemes difficult to
use in practice. This paper proposes Relative Scheduling: a
technique for triggering wireless transmissions through other
wireless transmissions in a domino-like fashion, thus making
tight time synchronization unnecessary. Through USRP ex-
periments and trace-driven simulations, we show that our
approach can achieve up to 1.96× the throughput of Dis-
tributed Coordination Function (DCF).

Categories and Subject Descriptors
C.2.1 [Network Architecture and Design]: Wireless com-
munication, Network communications

Keywords
Enterprise Networks; Relative Scheduling; Node Signatures

1. INTRODUCTION
Owing to the increasing number of WiFi-capable devices,

enterprise WiFi networks are becoming more prevalent in
office environments, campuses, airports and malls. In ad-
dition, a number of cellular providers are deploying enter-
prise WiFi networks in congested areas at scale to offload
the cellular traffic and thereby increase the capacity of the
increasingly congested cellular networks [5]. This central-
ized structure has been leveraged for developing efficient
solutions to various challenging problems such as channel
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assignment [11, 22, 26], client association [10, 11, 26], and
power management [11, 24]. Another important problem in
enterprise networks is channel access, which directly impacts
critical parameters such as throughput and delay. Existing
work in channel access can be broadly classified as follows:

• Distributed Schemes: Distributed Coordination Func-
tion (DCF) [1] defined in the IEEE 802.11 standard is
the most widely used distributed channel access tech-
nique. Wireless devices pick a random back-off time
and access the channel when the back-off timer expires.
DCF has several advantages such as low implementa-
tion complexity, high scalability and robustness to fail-
ures. However, as each WiFi device makes distributed
channel access decisions based on local carrier sensing,
it is well known that DCF suffers from hidden and ex-
posed terminal problems. Prior works [25, 38, 39] have
shown that both of these problems are prevalent in real
deployments. Some sub-optimum schemes [7, 14, 30]
and throughput optimum schemes [34] have been pro-
posed. However, they either achieve asymptotic opti-
mality or suffer from high-overhead and requirement of
stringent time synchronization.

• Centralized scheduling schemes (strict schedul-
ing): Centralized schemes are based on a central con-
troller [9] that collects interference relationship among
the nodes in the network and they make channel access
decisions based on the status of all the queues in the
system and the channel conditions. Although central-
ized schemes can achieve better performance than dis-
tributed schemes, there are two practical limitations.
First, the central controller does not have information
on the state of the queues at the clients. Thus, it as-
sumes that the client always has data to transmit or it
estimates the traffic load at the clients. As discussed
later in Section 2, a naive solution based on piggy-
backing queue information, has a starvation problem.
Second, the central scheduler assumes that all nodes
can follow the schedules strictly. In practice, jitter over
the wired network limits the achievable time synchro-
nization accuracy between the APs.

• Hybrid schemes: Hybrid solutions like CENTAUR [38]
and OmniVoice [6] schedule the downlink traffic from
the AP to the clients to avoid hidden terminals and uti-
lize exposed terminal opportunities. The uplink traf-
fic still uses DCF to access the channel. The uplink
traffic suffers from the same problems as discussed for
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Figure 1: A network with three AP-client pairs. Dashed
lines between nodes indicate that the nodes can hear each
other. Solid arrows denote flow directions.
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Figure 2: The throughput on different links. The overall
throughput of omniscient scheme is 76% higher than DCF
and 61% higher than CENTAUR. DOMINO performs close
to the omniscient scheme.

the case of Distributed Schemes. Moreover, the distur-
bance created by uplink traffic to the downlink schedule
can significantly diminish the performance gains [38].

Although centralized schemes are difficult to implement in
practice due to the reasons described above, they have the
potential for very high throughput performance. We use the
network shown in Figure 1 as an example. There are three
AP-client pairs and three flows. AP1 is a hidden terminal to
AP3 while C2 and AP1 are exposed terminals to each other.
Therefore, DCF performs poorly on this network. Because
of the hidden terminal problem, the link AP3→C3 achieves
little throughput if all of the transmitters are backlogged.
On the other hand, CENTAUR, a hybrid solution, sched-
ules the AP1→C1 and AP3→C3 links to avoid the hidden
terminal problem, but it is unable to schedule uplink traf-
fic in the same slot, missing out on the opportunity for the
exposed transmission C2→AP2. In an omniscient central-
ized scheduling scheme, the link C2→AP2 can always access
the channel while the links AP1→C1 and AP3→C3 occupy
the channel alternately. Figure 2 presents the throughput of
different links using different scheduling algorithms.
A mechanism that can enable centralized schemes to work

in practical networks can reap the benefits shown above.
In this paper, we present a framework for channel access
in enterprise WLANs, called DOMINO, that can achieve
the optimality of centralized schemes without depending on
time-synchronization among APs. Toward meeting this ob-
jective, we propose Relative Scheduling. In sharp contrast
to strict scheduling, Relative Scheduling uses wireless trig-
gers which are created by a set of PN-sequences transmit-
ted by the sender and receiver at the end of a data packet
transmission. The transmission events are triggered by pre-
vious events akin to a domino effect. In any given slot, a
carefully chosen set of transmissions trigger the transmis-
sions in the next slot. Triggering using wireless transmis-

sions is a new concept which is a complete paradigm shift
from time synchronization-based protocol designs. Besides,
we extend the technique used in PAMAC [35] and intro-
duce Rapid OFDM Polling (ROP), in which the clients use
different OFDM subchannels to send their queue backlog
information after receiving a polling request from the AP.

The contributions in this paper are summarized as follows:

• Relative Scheduling: This new paradigm of trig-
gering wireless transmissions by other wireless trans-
missions has the following features: 1) it is able to
work with any arbitrary centralized scheduling algo-
rithm in a real network; 2) it does not require tight
time-synchronization; 3) clients do not need to know
the schedule in advance; 4) multiple triggers are used
to increase robustness.

• Experiments and Extensive Trace-driven Simu-
lations: Experimental results from our USRP testbed
are used to derive simulation parameters. We use
our USRP testbed to verify the ability of DOMINO
to achieve better throughput. The simulation results
show that DOMINO achieves up to 96% higher through-
put compared to DCF.

The remaining part of this paper is organized as follows.
Section 2 presents the motivation for relative scheduling in
wireless networks. The design details of DOMINO are de-
scribed in Section 3. We implement DOMINO in both a
USRP testbed and ns3 and illustrate the evaluation results
in Section 4. Section 5 presents the discussions followed by
the related work and conclusion sections.

2. MOTIVATION
The basic assumption of strict scheduling scheme is that

nodes in the network behave exactly according to the time
schedule. However, this assumption does not hold with-
out microsecond-level time synchronization. Several time
synchronization schemes have been proposed for wired and
wireless networks. In wired networks, existing work shows
that the Network Time Protocol (NTP) [4] can achieve a
time accuracy of about 1000 μs in a quiet Ethernet network.
Given that a WiFi slot time is only 9 μs, this coarse syn-
chronization is intolerable. The Precision Time Protocol [2]
is designed to achieve microsecond level accuracy. However,
it requires specialized and expensive hardware. In wireless
domain, a recent work [31] achieves nanosecond level syn-
chronization, which is enough for strict scheduling scheme.
However, the synchronization has to be done for every trans-
mission and is limited to a single collision domain. To the
best of our knowledge, the most accurate time synchroniza-
tion scheme over multiple collision domains is proposed only
in RBS [15]. It uses reference broadcast on the wireless chan-
nel to achieve microsecond level synchronization. Although
it achieves around 10μs accuracy in a 4-hop network, the
performance decreases as the number of hops and the num-
ber of nodes in one hop increases, making it unsuitable for
large and dense networks. In addition, since clock skew is
influenced by the environment (e.g., temperature and supply
voltage), this synchronization scheme has to be frequently
executed to update the time. Extra hardware such as cellu-
lar networks [8] or GPS [28] can also be used to realize syn-
chronization, which however increases the system cost and
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Parameter WiFi ROP
number of subcarries 64 256
subcarriers per subchannel – 6
guard subcarriers – 3
number of subchannels – 24
CP duration 0.8 μs 3.2 μs
symbol duration 4 μs 16 μs

Table 1: Parameters used for the OFDM symbol to convey
the queue length of clients

complexity. In addition, GPS is not accurate in indoor en-
vironments. Besides precise time synchronization, the strict
scheduling scheme requires collecting the queue status of all
the nodes, and distributing the schedule to the clients.
Instead of using an absolute time tag with the scheduling

decision, DOMINO uses a relative transmission tag. It no-
tifies the next transmitter to start at the end of the current
transmission. Decoding the ongoing packet and estimat-
ing the stop point provides a naive way to implement the
relative tag. However, hidden and exposed transmissions
present challenges in decoding of the tag. To address this
issue, we use physical layer signatures to enable our relative
triggering scheme.

3. DOMINO DESIGN
This section presents the key components of DOMINO:

Rapid OFDM Polling, Relative Scheduling and the mecha-
nism for converting any schedule produced by an arbitrary
scheduler to a schedule suitable for DOMINO. First, we dis-
cuss the method to identify hidden and exposed links.
Identifying hidden and exposed links: The central

server requires the interference information between differ-
ent links to calculate the schedule. Exposed links can trans-
mit simultaneously while hidden links should be scheduled in
different slots. In DOMINO, a central interference map con-
sisting of the received signal strength between all node pairs,
is maintained at the server. This map can be utilized to cal-
culate the interference between different links and create a
conflict graph G(V,E) [19, 33]. The method used in [19] re-
quires O(N) steps to build the map, where N is the number
of nodes in the network. Each node in V stands for a link
(AP-client or client-AP pair). An edge in E indicates that
those two links interfere with each other according to the in-
terference map and should not transmit together. Thus, all
links that form an independent set in G(V,E) can transmit
simultaneously.

3.1 ROP: Rapid OFDM Polling
The intervening wired network makes it challenging for a

central controller to maintain up-to-date queue status of the
clients. One indirect solution is to use the AP to which the
client is associated with as a relay node and piggyback the
queue status in packets sent to AP [42]. The disadvantage
is that if the client stays silent for a period and then en-
queues a new packet, the AP does not get to know about
this new packet and the client may get starved. By tak-
ing advantage of Orthogonal frequency-division multiplex-
ing (OFDM), PAMAC [35] obtains the queue status at all
the clients through one polling action. However, PAMAC
only obtains a coarse status of the queues, which is not suf-
ficient for the central controller to compute the schedule. In

addition, it does not consider the difference in the received
signal strength from different clients. We introduce ROP in
DOMINO to address these issues. Back2F [37] also has a
similar scheme in using different OFDM subcarriers to con-
vey channel contention information from different devices.
However, Back2F studied the affect of self-interference (one
subcarrier) on subcarrier detection, while we study the in-
terference between subchannels (multiple subcarriers) from
different clients. Besides, we design a complete AP-client
polling system in ROP while Back2F focused on channel
contention.

OFDM is a modulation scheme widely used in wireless
communication. Instead of transmitting over a wideband,
the system can be viewed as transmitting slowly on multiple
independent narrow-band channels, called subcarriers. To
confront multipath fading, a cyclic prefix (CP) is attached
to each symbol. In 802.11 a/g, the 20MHz bandwidth is
divided into 64 subcarriers, of which 48 are used to transmit
useful data. One OFDM symbol takes 4 μs in 802.11 while
the CP duration is 0.8 μs.

To obtain the queue status in DOMINO, the channel is
separated into several subchannels, each consisting of sev-
eral subcarriers. When a node is associated with an AP,
a unique subchannel is assigned to it. In practice, there
are several problems that affect this OFDM system. First,
the frequency offset between clients and APs breaks the or-
thogonality between different subcarriers and causes inter-
subcarrier interference. Second, the clients have to be syn-
chronized and need to send at the same time. The return
OFDM symbol from different clients should overlap at the
AP for at least a duration of one FFT window. Third,
since the analog-to-digital converter (ADC) at the AP has
limited resolution, it can get saturated by the stronger sig-
nal. So the difference between the received signal strength
from different clients also affects the final decoding result.

Figure 4 shows the process of how DOMINO obtains the
queue status from the clients. First, the AP broadcasts a
polling packet. This packet contains a preamble that each
client can use to tune the frequency offset. It also behaves as
a reference broadcast to synchronize the clients. Then, after
receiving this packet, each client waits for one standard slot
time in WiFi (9 μs) and then transmits its queue size using
the assigned subchannel. Because the distance between an
AP and its clients varies, the signals from different clients
reach the AP at slightly different times. However, the AP is
still able to find a suitable FFT window using a large enough
CP duration.

Instead of using the default values in WiFi, we use a dif-
ferent set of values for this special control OFDM symbol
as shown in Table 1. Considering the maximum WiFi com-
munication range to be 300 meters, the longest turnaround
propagation delay is 2 μs. To account for this delay, the CP
duration is chosen to be 3.2 μs. Each subchannel contains 6
subcarriers, to encode a maximum queue size of 63(= 26−1)
if binary phase-shift keying (BPSK) is used as the modu-
lation scheme. When there are more than 64 packets in
the queue, we can first report 63 packets and keep track of
the number of unreported packets. Moreover, to prevent in-
terference between different subchannels, several subcarriers
are used to create a guard interval. Our experiments at the
end of this section show that using 3 subcarriers as the guard
interval is enough to tolerate a mismatch of up to 38 dB in
the received signal strength from different clients. A total of
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Figure 3: The construction of one OFDM symbol

Figure 4: The process of obtaining queue status from clients.

24 subchannels are available for the AP to assign. Because
of DC offset, the center subcarrier is not used. The remain-
ing 39 subcarriers are used as guard band between different
wireless channels as in 802.11 (11 out of 64 subcarriers are
guard band). Figure 3 shows the details of how the control
OFDM subcarriers are assigned.
To study the performance of ROP, we implement the mech-

anism shown in Figure 4 on GNURadio [3] and test it using
a USRP testbed. Because only one OFDM symbol is sent
back to the AP, it is difficult to estimate the phase offset.
So, 2-amplitude-shift keying (2ASK) is used for modulation
instead of BPSK since phase offset does not affect the am-
plitude of the samples.
Figure 5(a) plots the result of two clients sending on adja-

cent subchannels with similar received signal strength (RSS).
The bits sent on subchannel 1 are 111111, while the bits on
subchannel 2 are 011111 where the first bit is set to 0 to
show the interference between different subchannels. This
figure shows that all the bits on both the subchannels are re-
ceived correctly. When there is 30 dB difference in the RSS
from the two subchannels, the decoded samples are plotted
in Figure 5(b). The sequence 111111 is sent on both the
subchannels. However, the first three subcarriers of sub-
channel 2 are affected by the strong signal on subchannel 1.
Figure 5(c) shows the result after separating them by three
subcarriers. It reveals that that separation helps in reduc-
ing the interference between different subchannels. Figure 6
shows the relationship between difference in RSS and the
number of guard subcarriers. A separation of three subcar-
riers is shown to be sufficient as long as the RSS difference is
no more than 38 dB. We measured the RSS between differ-
ent nodes in a testbed with 40 wireless nodes. Only 0.54%
of all link pairs have an RSS difference greater than 38 dB,
which indicates that separation of 3 subcarriers is sufficient
for most cases. In the extreme case where the RSS difference
from two clients is indeed higher than 38 dB, the AP should

assign them non-adjacent subchannels to relieve the interfer-
ence. Another interesting question is – how low the signal-
to-noise ratio (SNR) can be for reliable detection?. Experi-
ment results reveal that as long as the SNR is higher than
4 dB, an OFDM symbol can be decoded correctly. Studies
show that the SNR should be at least 4 dB to allow reliable
WiFi transmission with the lowest data rate of 6 Mbps [29].
This set of experiments proves that the design of using one
OFDM symbol to extract the queue information from the
clients is effective.

3.2 Relative Scheduling
The schedule calculated by the central server requires mi-

crosecond level synchronization between the APs. Other-
wise, the slots will overlap, leading to throughput degrading.
DOMINO takes advantage of the broadcast nature of wire-
less communication and introduces a novel concept called
relative scheduling, which removes the need for tight syn-
chronization.

To show the basic idea of relative scheduling, we use a net-
work with 4 AP-client pairs shown in Figure 7 as an example.
Let’s consider downlink traffic only. Figure 7(c) presents
one possible schedule according to the conflict graph in Fig-
ure 7(b). In relative scheduling, this scheduling decision is
turned into two chains:

Chain1 : AP1→C1, AP2→C2, AP1→C1, AP2→C2

Chain2 : AP4→C4, AP3→C3, AP4→C4, AP3→C3

The transmitters in the same chain transmit in sequence.
The central controller does not need to give the exact time
when a link should be active. Instead, it informs that a link
should be relatively activated after another one.

In Figure 7, the signals from AP2 and AP3 collide at AP1,
making it impossible for AP1 to correctly decode the packet.
Thus, AP1 is unable to detect which link is currently active
in the relative chain. To trigger the transmission of the next
packet, DOMINO utilizes node signatures, a concept which
has been used in several recent works [23, 36, 41] for various
types of control signaling. At the end of each transmission,
the signature of the next transmitter is explicitly appended.
Instead of trying to decode the ongoing packet and listening
for the end of this transmission, each node keeps on running
a correlator for its own signature and starts transmitting
once the signature is detected. Signatures can be decoded
under high interference, which makes it possible for AP1

to receive the notification from AP2, even when the packet
cannot be decoded correctly. Here, we assume that only the
transmitter that has the maximum RSS at the next trans-
mitter is in charge of sending the signature. If the network
topology is changed with AP4 and C4 removed from Figure
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7(a), AP1 has to inform both AP2 and AP3 to start sending
at the end of its transmission. In that case, AP1 sends the
sum of AP2 and AP3’s signatures. Because different signa-
tures are orthogonal to each other, they are still detectable.
Gold codes [17], because of their outstanding cross corre-

lation property, are used for node signatures. Longer Gold
codes have higher difference between self-correlation and
cross-correlation values, thus increasing the robustness and
providing more signatures, albeit with higher overhead. In
DOMINO, we use a set of 129 Gold codes with length 127.
With 20 MHz bandwidth and BPSK as the modulation scheme,
it takes 6.35 μs to transmit one signature. As will be men-
tioned later, two codes are reserved for special use. Thus,
the system can support up to 127 nodes in one collision do-
main. Note that the signatures can be reused across different
collision domains. Since there is a central controller in the
system, we assume that every wireless node will be assigned
a unique signature when it joins the network.
In the above discussions, it is assumed that the next trans-

mitter receives the signature from the previous transmitter.
However, only the AP obtains the schedule from the cen-
tral controller. So if a client is the current transmitter, it
will not know the next transmitter. Another issue to note is
that notifying a hidden terminal (AP3 and AP4 in Figure 7)
to start transmission is not easy. To solve these problems,
both the transmitter and receiver send out the signatures
of its surrounding nodes at the same time. The mechanism
used by the AP to inform the client the signatures to send
is divided into two cases as shown in Figure 8. When the
AP is the transmitter (Figure 8(a)), it transmits the samples

(a) Network topology (Dashed line indicates that the two nodes
interfere with each other, while solid line denotes AP-client asso-
ciation)

(b) Conflict graph of the downlink traffic

(c) One possible schedule of the downlink traffic

Figure 7: A network with four AP-client pairs.

of the signature that the client should send (S1) at the end
of the packet. When the AP is the receiver (Figure 8(b)),
it transmits S1 at the end of the ACK. In either case, the
client stores those samples. One slot after the ACK, both
the AP and clients transmit the signatures together. The
signatures sent by the AP and client should be different be-
cause they only need to inform their own surrounding next
transmitters. The one with stronger RSS is responsible for
sending the signatures of the nodes in the common area. To
distinguish the signatures sent from the AP to the client
and the final signatures broadcast to the next transmitter, a
special signature, the START signature (S′) is sent after the
latter one. So, the next transmitters can start transmitting
only if both its own signature and the START signature are
detected in sequence.
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(a) AP → Client

(b) Client → AP

Figure 8: The timeline of the transmission between AP and
client. S1 is the signature that should be sent by the client,
S2 is the signature that should be sent by the AP, and S′ is
the START signature.

In practice, a packet received incorrectly prevents the send-
ing of signatures. Also sometimes signature detection fails.
If any of these happens, the chain is broken and all of the
following transmissions will fail. To make the system robust,
we add cross-links between different chains so that one trans-
mitter can get the notification from multiple nodes. Thus,
backup notifications are created and can be used if the nor-
mal notification is ineffective. However, it is possible that
the signatures from different triggering transmitters collide
at the next transmitter.
Using USRPs, we studied how many signatures can be

added together and yet received correctly even in presence
of interference. Five different experiment setups are evalu-
ated. In the first setup, there is only one transmitter and
one receiver. In the second and third setups, there are two
transmitters with similar RSS at the receiver. Note that
DOMINO chooses the top two nodes with the highest RSS
as the triggering nodes. So, our choice of picking two trans-
mitters with similar RSS is the worst case as they result in
the highest interference to each other. Both of the transmit-
ters send the same signatures in the second setup. We used
different signatures in the third setup to study the interfer-
ence of non-correlated signals. The fourth and fifth setups
are similar to the second and third one except that there
are three senders. Figure 9 plots the result of signature de-
tection ratio from 1000 runs. The signature detection ratio
is nearly 100% in all experiments when the total number of
combined signatures is no more than 4 and the false posi-
tive ratio is below 1% all the time (not shown in the figure).
DOMINO uses 4 as the maximum number of signatures to
combine.

3.3 Schedule Converter
The third component of the central server is the converter,

which is a series of procedures that convert a strict schedule
made by an arbitrary scheduler to a relative schedule. Be-
fore introducing the converter, we define a few terms. The
sender of a link l is denoted by l.sender and the receiver by
l.receiver. Link l is either an uplink or a downlink. Thus,
either l.sender or l.receiver must be an AP, which is de-
noted by l.ap. For a node n, link l can trigger n if and only
if the signature sent by l.sender or l.receiver can be received
by node n. Link l1 can trigger link l2 if and only if l1 can
trigger l2.sender. The l.inbound is the number of signatures
that l.sender receives. Larger l.inbound is more robust to
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Figure 9: Detection ratio of multiple signatures

transmission failures because it indicates that more links can
trigger l. However, larger inbound also reduces the signa-
ture detection reliability. Therefore, the maximum inbound
is set to 2. The outbound is the number of signatures that
a node can broadcast, which indicates the number of links
the node can trigger. The experiment result in Section 3.2
suggests that the maximum outbound for each node should
be 4.

A strict schedule with k time slots can be denoted by
S = [s1, s2, · · · , sk], where si is a set of links that can trans-
mit concurrently in slot i. In a strict schedule produced by
an arbitrary scheduler, there is no guarantee that links in
si, i ∈ [1, · · · , k− 1] can trigger all the links in si+1. On the
other hand, a relative schedule requires that the links in slot
si+1 can be triggered by at least one link in si. To satisfy
this requirement, the converter uses the following two tech-
niques:
Fake link insertion: For each slot si ∈ S, we insert all the
links that are not conflicting with the links in si to create
a maximal cover in the link conflict graph. The inserted
links are marked as fake links. The purpose of adding the
maximal number of fake links is to keep all links in the net-
work being triggered frequently to synchronize with the rest
of the network. When a node is indicated to send a packet
to destination d by the schedule or the received signature,
but the node has no packet for d in its queue, the node will
send a fake packet to d. Note that a node only need to send
the header of the fake packet, instead of sending the entire
fake packet. Thus, the interference introduced by these fake
packets will be very low. Also note that the WiFi chip does
not consume more energy when sending fake packets than
idle listening [41].
Batch connection: Since the strict scheduler creates sched-
ules in batches, we also need to create the triggering con-
nection between two neighboring batches. After the current
relative schedule is created, the last slot of the relative sched-
ule is retained in the converter, and will be used as the first
slot of the next batch. The exception is that in the very
first batch, the first slot has no preceding slots and there-
fore cannot be triggered by any links. In this case, the APs
will individually start executing the schedule. If the link in
the front of the schedule is a downlink, then the AP will
send a packet according to the schedule. Otherwise, the AP
will send a signature to the sender of that link. Because the
APs are not synchronized, collisions could happen. How-
ever, we will show that relative scheduling heals itself and
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Figure 10: The timeline of the network in Figure 7. The link APi → APi stands for polling operation. The arrow between
different links indicates the triggers between different slots.

synchronizes the schedules between different APs within a
few slots in Section 4.2.2.
After inserting fake packets into the strict schedule, we

are ready to create the triggering relation between the links
in the neighboring slots. Given two neighboring slots si and
si+1, the objective is that for each l in si+1, find at least
one link in si that can reliably trigger l, while the inbound
and outbound constraints of each link is satisfied. For each
link l in si+1, we first select one node n in si, such that
n has the highest SNR at l.sender. After assigning one
trigger to each link in si+1, links with saturated inbound or
outbound links are excluded in the following steps. Then,
we repeat the previous step on the remaining nodes to find
the secondary possible triggering node for each link in si+1.
This process stops when no more trigger can be added. Note
that even after inserting fake links, it is still not guaranteed
that each link in si+1 has a triggering link in si. Such a
scenario happens rarely in our experiments. The scheduler
will reschedule such links.
The last step is to insert ROP slots into the relative sched-

ule. The duration of the ROP slot is the time needed for
an AP to execute the ROP protocol. During an ROP slot,
all links that interfere with the links associated with the
polling AP must be silent. So, two APs can share the ROP
slot if and only if none of their links are conflicting. We
insert at most one ROP slot between two neighboring slots.
If an ROP slot is inserted between slots si and si+1, the
links in si will trigger links in si+1 with a special signature,
which is called an ROP signature, instead of the signature
S′ as shown in Figure 8. Once links in si+1 receive the ROP
signature, they will wait for one ROP slot before starting
transmission. The ROP slots are inserted into the relative
schedule in a greedy fashion. To insert ROP schedule for AP
A into relative schedule S = [s1, s2, · · · , sk], we first check
if si has nodes that can trigger A. If si can trigger A, and
there is no ROP slot that has been inserted between si and
si+1, then we insert an ROP slot between si and si+1. Oth-
erwise, we check if A can poll together with the APs in this
existing ROP slot. If they can execute ROP together, assign
the ROP schedule for A. Otherwise, increase i and continue
to check the next slot in S.

At the end, each link l in the created relative schedule
will be distributed to AP l.ap. During executing the rela-
tive schedule, the AP sends data packet or executes ROP ac-
cording to the schedule upon reception of its own signature,
and sends appropriate signatures to its clients to trigger the
senders in the next slot. Each client sends data packets when
receiving its own signature; triggers other links based on the
signatures received from its AP; and, returns queue size to
its AP when a polling packet is received.

3.4 DOMINO Under Microscope
To take a closer look at the overall system, we again

use the example shown in Figure 7. However, all the up-
link and downlink flows are saturated with payloads. Fig-
ure 10 presents the transmission timeline from our trace-
driven simulation. Because of jitter in the wired backbone,
the packets in slot 0 are actually sent with a 24 μs time
difference. This delay passes to slot 1 and slot 2. How-
ever, in slot 2, link C1→AP1 receives two triggers from link
C2→AP2 and C3→AP3 (this can be decoded as C1 is wait-
ing for a polling slot). Since the transmitter uses the last
correctly received trigger as time reference, it gets synchro-
nized in transmission with link C4→AP4. The transmission
in the following slots are then all synchronized. This result
reveals the robustness of DOMINO to time jitter.

We marked some interesting points in the figure to em-
phasize the design of DOMINO. Mark (1) indicates the trig-
ger from link AP4→C4 to AP3→C3. As shown in Figure 7,
AP3 and AP4 are hidden to each other. Mark (1) presents
an instance where the receiver of the former transmission
triggers the next transmitter. At mark (2), we assume this
transmission fails. Thus, the following two triggers are miss-
ing. However, as a result, only one polling transmission is
missed, which indicates that the effect of transmission failure
in DOMINO is limited. Mark (3) presents the introduction
of fake packets to increase the network coverage of triggers1.
Link AP2→C2 in slot 94 would not have been triggered with-
out this fake packet.

1Note that fake packets are also scheduled by the central
server.
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Scheme SC HT ET
DOMINO (Kbps) 4.25 5.42 9.18

DCF (Kbps) 2.76 1.62 2.72

Table 2: Aggregate throughput in 3 different scenarios with
USRP prototype

3.5 Practical Issues
Although we take care of many practical issues in the de-

sign of DOMINO, there are still some that require further
discussions:

• Different packet sizes and data rates: In our de-
sign, we use a fixed slot time and assume that all the
data packets consume the same amount of time, which
will likely not hold at all times in practice. However,
techniques, such as packet splitting and aggregation,
can help to produce virtual packets that take the same
amount of time. A simple calculation with the fixed
packet duration, packet size and data rate will suf-
fice. Then, instead of reporting how many packets are
queued to the central sever, wireless nodes calculate
and forward the total number of virtual packets.

• Number of clients per AP can support: The
wireless channel is divided into 24 subchannels, which
limits the total number of clients per AP. In case the
number of clients is more than 24, we can divide the
clients into multiple sets, with each set having no more
than 24 nodes. And then the AP can poll once for each
set.

• Missed ACKs: When the ACK for packet p is miss-
ing, the sender adds a new transmission request. In-
stead of waiting for the request to be scheduled again
by the server, the sender will retransmit when either
of the following two conditions is met: 1) the sender
is a client and it receives its trigger; 2) the sender is
an AP and the schedule at the top of the schedule list
has the same destination as p.receiver.

4. EVALUATION

4.1 Experimentation
We implemented a simple version of DOMINO on US-

RPs and compared its performance with DCF. We assume
that the queues in the clients are saturated and the trans-
mission schedules are already loaded in each AP. Four US-
RPs are used to simulate two AP-client pairs and the flows
on two links are created. Then, we studied the aggregate
throughput in three different scenarios: (i) those two links
are exposed to each other (ET); (ii) they are hidden links
to each other (HT); (iii) they are in the same contention
domain and are neither exposed nor hidden to each other
(SC). Table 2 shows the aggregate throughput. Because
DOMINO does not incur the overhead of backoffs, it achieves
54% higher throughput even in the SC setting. In case of
hidden and exposed terminals, DOMINO obtains more than
3× the throughput of DCF. As there exists a significant la-
tency variance between the USRP and the host, implement-
ing CENTAUR’s carrier sensing mechanism to align exposed
transmissions using USRP devices is difficult. So, we leave
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of transmissions

the comparison of DOMINO and CENTAUR to trace-driven
evaluations.

4.2 Trace-Driven Simulation
The above prototype with USRP shows the potential ad-

vantages of DOMINO. However, the limited number of USRP
platforms and the latency with USRP prohibits a large scale
implementation. Thus, we perform measurements in a net-
work of 40 WiFi nodes spread across 2 buildings and use the
RSS trace between different nodes to conduct a large scale
evaluation in ns3.

4.2.1 Evaluation Setup
Let’s denote T (m,n) as a network topology with m APs

and n clients per AP. To create T (m,n), we first sort the
nodes from our trace by the number of nodes in their com-
munication range in a decreasing order. Then, we select the
first node as one AP, and randomly pick n nodes that could
communicate with the AP as clients. We repeat this process
to select the remaining (m− 1) APs and their clients.
Unless specified, the default traffic (UDP or TCP) rate for

uplink and downlink is 10 Mbps. The evaluation results are
based on a run of 50 seconds. The physical layer data rate is
set to 12 Mbps and the data packet size is 512 Bytes. Wired
connections are created between the APs and the central
server. The latency on the wired connection is set following
a normal distribution with mean 285 μs and variance 22 μs
according to [38].

In DOMINO, we use a scheduler based on RAND [32], a
greedy algorithm. To calculate the schedule for each slot,
the first link l from the queue of links Q that has data to
send is added to a set C(l). Then we add another link l′

from Q − C(l) to C(l) if l′ is not conflicting with any link
in C(l). This process is repeated until no more links can
be added. All the links in C(l) are then scheduled in this
slot. To improve the fairness, we move the links in C(l) to
the end of Q. The following slots are scheduled in the same
way.

4.2.2 Time for transmissions to reach synchroniza-
tion

Because of jitter over the wired network, the transmissions
for slot 0 may not be well aligned. We use the network
T (10, 2) to study how long it takes for the misalignment to
converge. The result is presented in Figure 11. The wired
latency variance is changed from 20 μs to 80 μs. The figure
shows that although the maximum misalignment varies from
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(c) UDP throughput fairness
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Figure 12: TCP and UDP throughput, delay and fairness for T (10, 2). The downlink data rate is fixed to 10 Mbps and the
uplink data rate varies from 0 to 10 Mbps.

10 μs to 20 μs, it is reduced to 1 or 2 μs within 4 slots. This
result indicates that our scheme does not need a long warm-
up time and also it is robust to initial misalignment.

4.2.3 Throughput and fairness
To evaluate and compare the throughput and delay be-

tween DOMINO, CENTAUR and DCF, we still use T (10, 2)
with the downlink data rate fixed to 10 Mbps. The uplink
data rate varies from 0 to 10 Mbps. There are 10 hidden
link pairs and 62 exposed link pairs out of 720 possible link
pairs. For both CENTAUR and DCF, the MAC parameters
are set according to the 802.11g standard. The throughput
fairness among all links is calculated using the Jain’s fairness
index [18]. As shown in Figure 12(a), DOMINO outperforms
DCF by 74% when there is only downlink UDP traffic. Al-
though the throughput gain decreases to 24% as the uplink
UDP traffic data rate increases, DOMINO has high fairness
around 0.78, compared with 0.47 for DCF (Figure 12(c)).
For TCP traffic, the throughput gain of DOMINO varies
within 10% to 15% (Figure 12(d)), while the fairness gain is
between 17% and 39% (Figure 12(f)). The reason why TCP
traffic does not produce as high throughput gain as UDP is
that we treat the TCP ACK packet as a regular data packet
and it takes one whole slot to transmit the TCP ACK, which
wastes the channel resource. We believe that aggregating
TCP ACKs will help improve the gain, but leave it as a
future work.
Figure 12 surprisingly shows that the performance of CEN-

TAUR is worse than DCF when the uplink data rate is low.
We looked deep into the simulation results. Although CEN-
TAUR has 0 ACK timeout compared with 57386 times for
DCF when the uplink data rate is 0 Mbps, CENTAUR is
sensitive to network topology and behaves worse than DCF
when the scheduled downlink traffic is not transmitted in
the way it is supposed to be. The assumption that ex-
posed links transmit concurrently just does not hold in some
network topologies. To illustrate this argument better, we
use the topologies shown in Figure 13 as examples. As-

(a) 4 links that are exposed to
each other

(b) 3 links that share a com-
mon exposed link

Figure 13: Exposed links example. Dashed links indicate
nodes are interfering with each other and solid links denote
AP-client pair.

sume that only downlink traffic exists. In both examples,
all of the downlinks are not conflicting with each other and
are scheduled in the same batch as in CENTAUR. How-
ever, AP1, AP2 and AP3 are not in the communication
range of each other in Figure 13(b). Since CENTAUR uses
carrier sensing and fixed back-off intervals to synchronize
the transmissions, the transmissions can not be synchro-
nized. Thus, in each batch, AP1, AP2 and AP3 have higher
chance than AP4 to access the channel and finish transmit-
ting earlier. But the scheduled packets for the next batch
would not arrive until all of the packets at AP4 are sent. In
DCF, however, AP1, AP2 and AP3 always have packets in
their queues and keep contending for the channel. Table 3
presents the aggregate throughput for both topologies. For
Figure 13(a), the throughput of both DOMINO and CEN-
TAUR are around 3× the throughput of DCF. However,
the throughput of CENTAUR is lower than DCF for Fig-
ure 13(b) while DOMINO provides the same throughput in
both scenarios.

4.2.4 Delay
Figures 12(b) and 12(e) plot the average delay of different

schemes. The delay is defined as the duration from the time
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Topology DOMINO CENTAUR DCF
Figure 13(a) (Mbps) 32.72 28.60 9.97
Figure 13(b) (Mbps) 33.85 18.35 22.13

Table 3: Aggregate throughput with 4 pairs of exposed links
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Figure 14: The CDF of throughput gain of DOMINO over
DCF with 50 runs

a packet is queued to the time it is successfully delivered.
The delay of DCF is 2× higher than DOMINO. Because
the UDP traffic data rate is high, the MAC layer queue gets
saturated quickly. So queuing delay significantly contributes
to the packet delay. DOMINO promises higher throughput,
which means that packets get delivered faster. The packet
delay for TCP traffic is shown in Figure 12(e). Because
of TCP congestion control, the MAC queue increases slower
than UDP traffic. On the other hand, the congestion control
window size grows faster for DOMINO than for DCF. So
higher throughput indicates faster packet delivery as well
as more queued packets. These two factors have opposite
effects on the packet delay, resulting in comparable packet
delay for DOMINO and DCF.

4.2.5 Simulation with a random network
The above trace only consists of 40 nodes, which limits the

scale of the network that we can simulate. In this section, we
uses the default path loss model in ns3 to compute the RSS
between different nodes instead of manually setting the RSS
from the trace. We randomly placed nodes in an 800×800
m2 area and create a topology T (20, 3), which consists of 80
nodes. We repeat the simulation 50 times with UDP traffic
and plot the CDF of the throughput gain of DOMINO over
DCF in Figure 14. The throughput gain varies from 22% to
96% with a median of 58%.

5. DISCUSSION
Building conflict graph dynamically: In our current

design, we assume that the conflict graph does not change
over time, which does not hold in mobile scenarios. Updat-
ing the conflict graph with low overhead remains a challenge.
Kashyap et al. [19] have provided a scheme that updates the
conflict graph of a network with time Nt, where N is the
number of nodes in the network, and t is the time of sending
one beacon packet. Since non-interfering nodes can send the
beacons concurrently, the time complexity can be reduced to
t(Δ+1), where Δ is the maximum degree of the two-hop con-
nected graph. The two-hop connected graph is created by
connecting any two vertices that are within two hops in the
interference graph. The interference graph can be estimated

based on previous known channel status. Fu et al. [16] have
shown that in the 2.4 GHz spectrum, the channel coherence
time of walking is 125.1 ms, which is the maximum conflict
graph updating period. Therefore the overhead of periodi-
cally generating the conflict graph is t(Δ + 1)/(125.1 ms).
When Δ = 40 and each beacon takes 40 μs, the overhead is
only 1.3%, which is negligible compared with the throughput
gain.

Co-existence with current networks: Enterprise net-
works may be subject to external interference such as from
external WiFi networks. To co-exist with existing networks,
DOMINO divides time into two parts: a centralized con-
tention free period (CFP) and a carrier sensing contention
period (CoP) as shown in Figure 15. The contention free
period contains several slots and supports concurrent trans-
missions in each slot. To reserve the channel during this
duration, we set the Network Allocation Vector (NAV) du-
ration to the end of the CFP period in the MAC header of
each transmitted packets. External nodes have to defer their
transmission upon receiving the NAV. In the contention pe-
riod, all nodes use carrier sensing to access the channel. The
server estimates the amount of external traffic and internal
traffic during the contention period, and adjusts the dura-
tions of the following CFP and CoP to provide fair access
to all traffic.

Light traffic load: DOMINO improves the throughput
of the network under heavy traffic. However, with light
data arrival rate, the throughput gain will not be high and
the control overhead increases the packet delay. In network
topology T (6, 5) with traffic rate 6 KBps (this is lower than
typical web browsing, considering that the home page of Ya-
hoo! is around 1.9 MB), the delay of DOMINO is only 1.14×
higher than the delay of DCF, which is not extremely high.
In addition, we can utilize the CFP and CoP duration as
discussed above, to solve this problem. Under light traffic,
we set CFP duration to 0 to turn off scheduling.

Energy saving: It is straightforward to implement en-
ergy saving mechanism in DOMINO. For example, the server
can schedule an energy constrained device to sleep for a du-
ration within which it does not need to send or receive pack-
ets.

Number of signatures: DOMINO uses signatures with
127 bits and supports 127 nodes in one collision domain.
To support mores nodes in one collision domain, there are
several choices. First, instead of using 127 bits as the sig-
nature length, we can use 255 and 511, supporting 255 and
511 nodes in one collision domain respectively. Second, the
combination of those 127 signatures can be used to identify
one node. Both of the choices results in larger signature
duration, which increases the overhead. So an algorithm
to estimate the node density is required to choose the best
signature length.

Polling frequency: Currently, DOMINO polls the queue
information of the clients in every batch, which may result
in a wastage of channel resource. Intuitively, the APs should
not send polling packets when the scheduler has enough
packets to schedule. However, this could cause starvation
at some clients. We run a set of simulations to evaluate
the delay and throughput of UDP traffic in T (10, 2) when
varying the batch size (the reciprocal of polling frequency).
The simulation results show that when the network traffic is
heavy (5Mbps per link), as the batch size increases, the de-
lay slightly decreases and the throughput slightly increases.
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Figure 15: DOMINO consists of contention free period
(CFP) and contention period (CoP). The CFP is divided
into different slots and each slot supports multiple concur-
rent transmissions.

However, when the traffic is light (500Kbps per link), the
delay increases when the batch size increses. We leave the
design of a better polling scheme as future work.

6. RELATED WORK
WiFi centralized control plane schemes: Existing

work, such as [10, 22, 24], have focused on the channel
assignment, client association and power control problems.
MDG [11] studied the relationship between three different
functions with centralized solution: channel allocation, load
balancing and power control and proposed a joint framework
of different schemes. DenseAP [26] introduces the idea of
dense AP deployment. A central controller determines the
AP for each client to be associated with dynamically and
the channel to assign to each AP. A network architecture
and a set of APIs are defined in Dyson [27] to provide an
easy way for network observation and implementing control
polices. These papers focused on the control plane of cen-
tralized network, while our proposed scheme targets channel
access.
Centralized and hybrid data plane schemes: PCF,

defined in the 802.11 standard, is proved to be promising in
supporting real-time traffic [13] with a single AP. MIFI [9]
extends the use of PCF to multiple AP scenario. In the
contention-free period (CFP), non-interfering APs polls the
traffic simultaneously. This work, however, creates more ex-
posed links originating from their definition of non-interfering
APs. CENTAUR [38] proposed a hybrid centralized scheme
with the assumption that the user devices will remain un-
modified. The downlink traffic are scheduled according to
the exposed and hidden relationships between different links.
However, the unscheduled uplink traffic disturbs the perfor-
mance in an unpredictable way. DOMINO does not suffer
from a similar problem because it controls all the traffic,
including both uplink and downlink. OmniVoice [6] only
schedules downlink traffic. It divides time into uplink and
downlink slots so that the uplink traffic does not disturb
the downlink schedule.However, the synchronization accu-
racy degrades with increase in the size of the backbone net-
work. XPRESS [21] uses backpressure algorithms to obtain
optimal throughput in multi-hop wireless networks. It could
be extended to enterprise networks. However, it also only
schedules downlink traffic.
Clients queue status: To obtain queue information of

the clients, some recent works have leveraged the fact that
there is room between the channel capacity and real data
rate so that the ongoing transmission can tolerate some in-
terference. Side Channel [40] focused on ZigBee networks,

and used interfering signals on different chip positions or dif-
ferent chip intervals to convey the request for uplink trans-
mission. Flashback [12], on the other hand, worked on the
OFDM system. Interfering signals, called flashes, are sent on
a given frequency and the frequency interval between the ad-
jacent flashes encodes the clients queue information. These
two techniques promise high performance in a network with
a single AP. However, with multiple APs and exposed trans-
missions, the benefits of side channels or flashes decreases.
In [20], each client is assigned a unique bit sequence, named
transmission request. The sequences assigned to different
clients are orthogonal to each other so that these requests
can be detected by the AP. This method suffers from differ-
ent received power from the clients and it only transmits 1
bit information back to the AP.

7. CONCLUSION
In this paper, we proposed Relative Scheduling, which

allows wireless nodes to transmit relatively one after the
other. The use of node signature as transmission trigger
in relative scheduling is also verified using the USRP plat-
form. Then, we developed DOMINO, a centralized schedul-
ing framework for enterprise WLANs based on the con-
cept of Relative Scheduling. Our evaluation results show
that DOMINO significantly outperforms DCF by up to 96%
higher throughput.
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