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Abstract—The high amount of small packets currently
transported by IP networks results in a high overhead, caused by
the significant header-to-payload ratio of these packets. In
addition, the MAC layer of wireless technologies makes a nonoptimal use of airtime when packets are small. Small packets are
also costly in terms of processing capacity. This paper presents
Simplemux, a protocol able to multiplex a number of packets
sharing a common network path, thus increasing efficiency when
small packets are transported. It can be useful in constrained
scenarios where resources are scarce, as community wireless
networks or IoT. Simplemux can be seen as an alternative to
Layer-2 optimization, already available in 802.11 networks. The
design of Simplemux is presented, and its efficiency improvement
is analyzed. An implementation is used to carry out some tests
with real traffic, showing significant improvements: 46% of the
bandwidth can be saved when compressing voice traffic; the
reduction in terms of packets per second in an Internet trace can
be up to 50%. In wireless networks, packet grouping results in a
significantly improved use of air time.
Keywords—traffic optimization;
efficiency; multiplexing

I.

small

packets;

In Fig. 1, the packet-size histogram of a traffic trace from
The CAIDA Anonymized Internet Traces 2015 Dataset [2] is
presented (only the first 200,000 packets have been used). This
trace was captured at a backbone link (10 GigE) of a Tier1 ISP
between Chicago and Seattle. As it can be observed, 44% of
the packets are big, i.e. their size is near 1500 bytes, which
corresponds to the Maximum Transmission Unit (MTU). At
the same time, a high amount of small packets are present:
33.4% packets are 60 bytes or smaller, and 41.4% are 200
bytes or smaller.
The presence of these amounts of small packets has some
drawbacks: first, the overhead drawback, i.e. the amount of
header bytes required for sending a small payload is high. For
example, a VoIP packet carrying 20 bytes requires at least 40
bytes corresponding to IP, UDP and RTP headers.
Second, when the packet is passed to Layer 2, the Media
Access Control (MAC) mechanisms make it necessary to
define a number of waiting intervals until a host gets the
channel. This delay may be negligible in Ethernet (a preamble,
a header and an inter-packet gap are required), but it may result
significant when packets are using a wireless technology as e.g.
802.11. We will refer to this problem as the airtime drawback.

network

INTRODUCTION

An inherent characteristic of packet-switched networks is
the need for a number of headers, which are added to the
payload in order to make it possible its transport from the
source to the destination. This overhead is not a problem when
the payload is big, but the inefficiency caused by payloads in
the order of tens of bytes may become excessive in certain
scenarios with limited resources.

The third drawback is related to the limited processing
capacity of the machines managing the packets. Datasheets of
commercial devices often report the performance in terms of
both bandwidth and packets per second. For example, a
commercial 50-Port switch [3] has “13.6 Gbps switching

However, small packets are ubiquitous in nowadays’
networks. The first example, and perhaps the most evident one,
are TCP Acknowledgements, which are required by the traffic
control mechanisms inherent to this protocol. These packets do
not usually carry any payload, so they can be considered as
100% overhead packets. However, they are carried by the
network in the same way as any other packet. In addition, some
multimedia applications (e.g. IPTV) send big UDP packets, but
also require application-level acknowledgements [1].
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In addition, emerging real-time services (e.g. VoIP, online
games) also send high rates of small packets, required to grant
the interactivity level demanded by the end users. Finally,
small packets may also be present in Machine to Machine and
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Fig. 1. Packet size histogram of a traffic trace obtained in a backbone link
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capacity, 10.1 million pps”. This means that, for 100-byte
packets, the throughput of the switch would in fact be limited
to 8.08 Gbps. Something similar happens with Layer-3 packet
routing: the so-called “64 Byte Throughput” has become a
figure of merit, and specific features are being added to
processors and network interfaces in order to improve the way
they manage these small packets [4]. This would be the
processing drawback of small packets.

So the optimization covers a number of network hops, but the
intermediate routers just have to route packets at IP level, so
they do not have to implement Simplemux.
The contribution of this paper consists of the presentation
of Simplemux, a detailed explaining of its design, an analysis
of the expected benefits, and a series of evaluation tests
deployed with an experimental Linux implementation
developed by our group. The results show that up to 46% of the
bandwidth can be saved when compressing voice traffic. The
reduction in terms of packets per second in an Internet trace
can be up to 50%. In wireless networks, packet grouping
results in a significantly improved use of air time

Other drawbacks may also appear, but they will not be
considered in this paper. For example, the energy consumed by
a router is expected to rise not only with the generated and
received throughput, but also with the amount of packets per
second it is managing. According to [5], internal packet
processing engines and switching fabric require 60% and 18%
of the power consumption of high-end routers respectively.

The rest of the paper is structured as follows: The related
work is summarized in the next Section. Section III
summarizes the scenarios of interest. The design of Simplemux
is presented in Section IV. Section V includes an analysis of
the expected improvements, Section VI presents the
implementation and Section VII details the obtained
experimental results. The paper ends with the Conclusions.

In this context, the aggregation (multiplexing) of a number
of small packets to form a single and bigger one can be seen as
a means to jointly overcome these drawbacks. Some initiatives
aimed to increase the average size of the Internet packets are
already in place. For example, Ethernet Jumbo Frames, with an
MTU of 9000 bytes instead of 1500, present some advantages
in terms of throughput, and even in the TCP window growth
speed [6]. Furthermore, in Wi-Fi networks, frame aggregation
was added as an option to 802.11n [7], and this supposed a
mitigation of the overhead and airtime drawbacks.

II.

RELATED WORK

Taking into account that this paper is presenting and
studying a new standard proposal for traffic optimization, this
Section has been divided into a first part summarizing related
standards, and a second part summarizing related research.

In this same line, the present work presents Simplemux, a
generic and lightweight multiplexing protocol aimed to enable
the multiplexing of a number of packets belonging to a
protocol (the “multiplexed packets”), into another protocol (i.e.
the “tunneling protocol”), as shown in Fig. 2. Small separators
are inserted between the packets, including the length and an
identifier of the protocol of the multiplexed packets. Thus, any
tunneling protocol may be virtually able to carry a number of
packets of any other protocol.

A. Multiplexing standards
The aim of multiplexing is to save bandwidth (i.e.
minimizing the overhead drawback) and to reduce the amount
of packets per second (i.e. reducing the airtime drawback in
wireless networks). Although it can be deployed in Layer 2 or
in upper layers, there are some differences between these two
possibilities. If frames are multiplexed at Layer 2, they will
traverse a single link together, and then they will be deaggregated. If the common path includes a number of links, a
demux-mux process will be required at each node. However, if
multiplexing is deployed at upper levels, packets can travel
together during the whole path, thus reducing the processing
drawback, at the cost of adding a tunneling header which
allows end-to-end delivery.

Simplemux does not act at Layer 2, but at upper layers, so
it has been proposed to the IETF [8]. It does not require a
session setup, since the idea is that a specific IANA Protocol
Number [9] could be reserved to Simplemux. Thus, if the
destination machine receives a packet with this protocol
number, and if it implements Simplemux, it just demultiplexes
it and extracts the packets. There is no need to set up a session
or to store any session parameter.

Regarding Layer 2, two frame multiplexing policies are
included in 802.11n [7] (and subsequent versions), namely
MAC Service Data Unit aggregation (A-MSDU) and MAC
Protocol Data Unit aggregation (A-MPDU). Aggregation has
become even more important in 802.11ac [10], where all the
frames must have an A-MPDU format, even if they include a
single sub-frame. The former allows multiple MSDUs to be

The objective of Simplemux is not to multiplex packets at
the end hosts, i.e. the ones originating the flows. Although this
is still possible, the benefit would be small, since the
probability of having a high number of small-packet flows
between the same pair of machines is low. Thus, the idea is to
run Simplemux between a pair of networks machines (Ingress
and Egress), Fig. 3, to optimize traffic flows sharing this path.

Fig. 3. Simplemux optimization between an Ingress and an Egress machine

Fig. 2. Scheme of a Simplemux packet
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III.

sent to the same receiver, as a single MPDU. The latter is able
to join a number of MPDU sub frames sharing a single leading
PHY header. The main difference is that A-MPDU works after
the MAC header encapsulation. This has two advantages: a
higher bandwidth reduction, and the fact that each sub-frame
includes its own CRC, which avoids the need for discarding the
whole frame because of an error in a single sub-frame: if a subframe is wrong, only that one will be retransmitted.

SCENARIOS

In [18] some scenarios of interest where multiplexing can
provide benefits were identified:
• The aggregation network of an operator. Multiplexing
can be deployed between different devices in residential
scenarios. Traffic can be grouped at different levels as
e.g. at gateway level in LTE or ISP edge routers.
• In corporate environments, a number of simultaneous
small-packet flows (as e.g. VoIP calls or remote
desktop sessions) between two central offices of a
company can be multiplexed.

Different standard protocols for multiplexing packets at
higher layers do exist. First, TMux [11] was approved as
RFC1692 in 1994 to include a number of transport-level
payloads (mainly TCP) into a single packet. This protocol is
therefore limited to multiplexing packets traveling between the
same pair of machines. Mini-headers of 4 bytes are inserted
before each of the multiplexed headers.

• In Machine-to-Machine and IoT scenarios with
bandwidth and processing constraints, small packets
generated by e.g. a sensor can be aggregated.

Another IETF multiplexing protocol is PPPMux [12], an
extension of PPP allowing the inclusion of a number of packets
into a single frame. This protocol permits to multiplex whole
packets. However, when packets have to travel over an IP
network, the use of L2TP (Layer 2 Tunneling Protocol) is
necessary, as it happened in TCRTP [13], which combined
header compression with multiplexing and tunneling, in order
to optimize VoIP RTP flows.

In addition to these scenarios, a new one has been
identified, namely Community Networks or other network
deployments alternative to traditional ones [19], which are
becoming popular in the last years, with a special relevance in
developing countries. In these networks, users create, own and
manage the network infrastructure, which serves as a backhaul
for providing Internet access. They are not only deployed in
remote villages, but also in urban environments [20].

B. Research Works Evaluating Standards’ Performance
A number of research works have studied the achievable
savings when using 802.11 aggregation. In [14], the authors
presented an analytic model for estimating the improvements
of A-MPDU and A-MSDU. Their findings showed a
significant efficiency increase, and a better performance of AMPDU, which was stressed when packet-error rate was high.
In [15] a scheduler for selecting the packets to be multiplexed
together was proposed, taking into account that the 802.11
standard only specifies the frame format, but scheduling
schemes are left as vendor’s choice. An optimal frame size was
calculated, and packets were grouped trying to fit this size.

In this kind of scenario, Simplemux can be used for traffic
optimization, taking into account some special questions: first,
these networks are mainly based on wireless (Wi-Fi) links, so
the packets traverse a series of hops before reaching their
destination. In that case, an end-to-end optimization can reduce
the amount of packets (airtime drawback) with an advantage
with respect to Layer-2 optimization, which should be applied
at each intermediate router (processing drawback). In Fig. 4,
thick blue lines represent the paths where Simplemux could be
employed to optimize the traffic. In these scenarios, especially
in developing countries, new versions of 802.11 including
frame aggregation may not be widely deployed.

Multiplexing at higher layers has been studied in other
works: [16] and [17] presented different proposals for VoIP
optimization, trying to keep a good voice quality. Our group
has also proposed the adaptation of TCRTP for other real-time
services as online games. The work was summarized in [18],
where other references can also be found.

In some cases, a network operator and the owners of the
infrastructure may sign an agreement, so the operator deploys a
3G femtocell in a remote village (see the figure), using the
community network as a backhaul for connecting to the
Internet. This constitutes a win-win scenario, since the operator
avoids the costs of extending the network to that village, which
can get connected with the mobile network [21].

***

i
Wi-F

The specific contribution of the present work, with respect
to the previous ones, is the proposal of a new and lightweight
multiplexing protocol. It may work as an alternative for 802.11
aggregation, with the additional benefit of end-to-end
optimization including a number of hops. It may also be useful
in legacy systems not implementing the aggregation
mechanisms defined by 802.11n and subsequent versions.

i
i-F
W

Simplemux can also be seen as an improvement with
respect to existing Layer 3 optimization mechanisms, since it is
able to accomplish the same tasks with a reduced management.
It can also substitute PPPMux, mainly aimed for point-to-point
links. In fact, the L2TP and the PPP sessions required by
TCRTP could be avoided.

Fig. 4. Simplemux optimization in an alternative network scenario
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IV.

PROTOCOL DESIGN

This section briefly describes the protocol, which is
specified in [8]. The aim of the protocol is the reduction of the
overhead, while maintaining its design as simple as possible.
The main element are the separators, i.e. the small headers
inserted before each packet. The length of the multiplexed
packet that comes next is included in these separators.
The protocol allows the inclusion of packets belonging to
different protocols. This provides a high degree of flexibility,
since it avoids the necessity of creating one tunnel for each
kind of traffic. As an example, ROHC-compressed packets
(Protocol number = 142) may travel with normal IP packets
(Protocol number = 4), as shown in Fig. 5.

Fig. 5. Scheme of a Simplemux packet including different protocols

However, there will be many cases where all the packets
included in a multiplexed bundle belong to the same protocol.
Therefore, the format of the first separator is slightly different
from the rest. It includes a Single Protocol Bit (SPB) which is
set when packets belonging to a single protocol are carried,
thus saving a byte on each of the subsequent separators.
(a)

In addition, all the bytes of the separators include a Length
eXTension bit (LXT) which is set when the length of the packet
requires an extra byte. This permits to multiplex packets of any
length, also allowing to adjust the size of the field according to
the packet length.
The format of the separators is shown in Fig. 6. In a), the
format of the first separator is shown, in b) the non-first
separators when a single protocol is carried, and in c) the nonfirst separator when packets belong to different protocols.

(b)

It can be observed that the overhead required by
Simplemux separators is minimum. For example, if a set of
small packets belonging to the same protocol travel together,
the first separator would require two or three bytes, but the rest
of the packets would only need a single byte, or two if they are
bigger than 128 bytes.
V.

ANALYTICAL CALCULATION OF THE EXPECTED
SAVINGS

(c)
Fig. 6. Scheme of Simplemux separators: a) first separator; b) non-first
separator when all the packets belong to the same protocol; c) non-first
separator including the Protocol Number

This section has three parts: in Subsection A, the savings in
terms of packets per second are obtained. Subsection B
presents the calculation of the bandwidth reduction. Finally,
the last subsection presents a comparison between the savings
obtained by Simplemux (Layer-3) and 802.11 (Layer-2)
aggregation mechanisms.
A. Packets per second savings
The scenario we are considering is a network node where
packets of different sizes arrive. They are classified according
to their size, and only small ones are sent to a multiplexer (Fig.
7). A period PE is defined at the multiplexer and every time the
period expires, a packet is sent including all the arrived
packets. However, if a number of packets N have arrived
before the end of PE, a multiplexed packet is sent and a new
period begins.

Fig. 7. Scheme of a node classifying and multiplexing traffic

Let  be the packet arrival rate. If we set a size limit at the
classifier, we have:
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s = Pr [size  limit]

(1)

1 - s = Pr [size > limit]

(2)

We want to find out and BWout, i.e. the packet rate and the
bandwidth at the output. In the following, we are assuming that
no packets are lost in the queues.

Packets per second relationship when multiplexing
1

Packets per second relationship

0.9

Let k be the number of packets arrived to the multiplexer in
a period. Three cases can be distinguished: a) no packets
arrived; b) k packets arrived (k  [1, N-1]); and c) N packets
arrived. Therefore, we can express the value of mux as:
mux = mux|k=0·Pr (k = 0) + mux|1  k  N-1·Pr (1  k  N-1) +
+ mux|k=N ·Pr ( k = N )

(3)

In order to simplify this expression, we must take into
account that:
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• If no packets have arrived, we have mux|k=0 = 0.
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• If k  [1, N-1], then a multiplexed packet will be sent at
the end of the period, so mux|1  k  N-1 = 1/PE.

Fig. 8. Theoretical reduction of the packets per second when multiplexing
1000 packets per second

• If N packets have arrived, we have mux|k=N = ·s/N.

However, as shown in Fig. 1, real Internet traffic does not
have a uniform size distribution; in fact, a clear division
between small and near-to-MTU packets can be observed.
Thus, the graph “Realistic size distribution” represents the
relationship, when the traffic is modeled this way: a peak of
40-byte packets (10%); a peak of 60-byte packets (20%); a
peak of 1450-byte packets (29%); a peak of 1500 bytes (14%);
the other 27% of the packets are uniformly distributed between
61 and 1449 bytes. In this case, it can be observed that a
significant decrease in terms of packets per second is achieved
even if only small packets are sent to the multiplexer. If bigger
packets are also multiplexed, the curve decreases slowly. So it
would make sense to send to the multiplexer only the small
ones, thus avoiding additional processing, delays, etc. to affect
the big packets. In the test section we will present some results
obtained with a real Internet trace.

So we can express mux as:
mux =

1
λ ⋅s
Pr (1  k  N-1) +
·Pr ( k = N )
PE
N

(4)

From (4), we can see that, if the amount of packets per
second arriving to the multiplexer is high, then N packets will
always be multiplexed together, and the end of the period will
never be reached, so Pr (k = N)  1, and in that case:
mux 
out 

λ ⋅s
N

λ ⋅s
N

º
ªs
+  · (1 – s) =  « + (1 − s ) »
N
¼
¬

(5)
(6)

This simplified expression (only valid for high amounts of
traffic) is ruled by two parameters, namely the number of
packets that can be multiplexed N, and the probability of
having a small packet s. So the reduction in terms of packets
per second will depend on the packet size distribution, but it
will also depend on the MTU of the underlying technology
employed, since N is related to both parameters.

B. Bandwidth savings
In order to obtain the bandwidth at the output, we need the
average size of the multiplexed packets, E[size]. The
bandwidth will be:
BWout = mux·E[sizemuxed_packets] + ·(1- s)·E[sizebig_packets] (7)
Since the expected size of big packets will normally be
about one order of magnitude over that of small ones (i.e. 1500
with respect to 150 bytes), the savings in terms of bandwidth
will only be significant if mux >> ·(1- s). Otherwise, the
savings will mainly be achieved in terms of packets per second
reduction (airtime and processing improvement).

Finally, if a header compression algorithm as ROHC [22] is
employed, the compression ratio will also have an influence on
the maximum number of native packets to be included in a
multiplexed bundle. However, if the traffic only consists of
small packets (e.g. VoIP packets between two offices), we will
have s=1, so the amount of packets is directly reduced by a
factor of N.

Let CO (Common Overhead) be the size of the common
tunneling header of the multiplexed packet; SO (Single
Overhead) be the size of the multiplexing separator added to
each packet; and CR the Compression Ratio of a hypothetical
header compression mechanism employed in combination with
multiplexing. The size of a multiplexed packet is a function of
k, the number of packets arrived to the multiplexer in a period:

In Fig. 8, the relationship between the amount of packets
per second at the input and at the output (out /) is presented.
The graph “Uniform size distribution” has been obtained
considering a uniform packet size distribution (between 40 and
1500 bytes). In this case, the reduction in terms of packets per
second could theoretically be about 50%. The graph decreases
monotonically, so in a first approach it would seem that the
best choice is to send all the packets to the multiplexer.

E[sizemuxed_packets]=CO + E[k]·(SO + CR ·E[sizesmall_packets] ) (8)
Where E[k] = ·s / mux (E[k]  N when the traffic load is
high), CO and SO depend on the multiplexing method (e.g. if
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IPv4 is used, CO=20 bytes). For Simplemux, SO will be the
average size of the separators (between 1 and 3 bytes), CR
depends on the header compression algorithm. Finally,
E[sizesmall_packets] and E[sizebig_packets] will depend on the
statistical distribution of the packet size.

Efficiency for 200-byte Frames (PHY rate=130Mbps)
1

Efficiency (data rate / PHY rate)

C. Layer-2 and Layer-3 optimization in 802.11
The analytical method proposed in [14] for calculating the
savings of 802.11 aggregation mechanisms, has been adapted
in order to include the possibility of multiplexing at higher
layers. As a result, we have obtained Fig. 9, where the
efficiency (data rate /PHY rate) is presented for small 200-byte
frames, for both UDP and TCP traffic. It can be observed that
Simplemux behaves very similar to both 802.11 frame
grouping options. The number of frames that can be optimized
with A-MPDU is significantly higher, because of the different
MTU allowed by 802.11n standard.
VI.
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Fig. 9. Network efficiency when grouping 200-byte packets at Layer 2 or
Layer 3

The implementation has 2,700 lines of code (ROHC library
not included). The processing delay in a commodity PC (Intel
Core i3) has been measured in roughly 0.25 ms. In a low-cost
OpenWRT Access Point (TP-Link TL1043ND) it is about 3.5
ms.

DESCRIPTION OF THE PROTOCOL IMPLEMENTATION

An implementation of Simplemux has been developed in C,
mainly for testing and demonstration purposes. It has been
made publicly available 1 . The default tunneling protocol is
IPv4, using Protocol Number 253, which is reserved by IANA
“for experimentation and testing” [9]. In addition, in order to
avoid firewalls dropping packets belonging to an unknown
protocol, the option of using UDP has been added, at the cost
of 8 additional bytes per multiplexed bundle.

VII. TESTS AND RESULTS
A. Test Setup
a) Test scenario: Four machines are used for the tests:
generator, receiver, multiplexer and demultiplexer, being the
bottleneck the link between these two (Fig. 10). The
bottleneck can either be wired or wireless. These are the tools
employed in the tests:
• The machines are commodity PCs with Core i3
processors, running Debian 6.

The multiplexed packets are native IP, but the
implementation also relies on an open-source ROHC
implementation 2 for compressing headers before multiplexing
the packets. This combination of Tunneling, Compressing and
Multiplexing (TCM) makes it possible to send headercompressed packets end-to-end, being the common tunneling
overhead shared by a number of packets.

• In the tests with wired connections, 3Com Ethernet
switches (100Mbps) are used.

The program runs in user space. A Linux tun device 3 is
created, and the multiplexer captures all the packets that are
forwarded to this device. Therefore, the decision about what
packets are sent to the multiplexer can be implemented this
way: packets are first marked with iptables, according to the
desired policies (defined by IP, port, packet length, etc.); then
iproute is used to forward the marked flows to the tun device.

• For the wireless tests, 802.11 USB devices (TP-Link
AC600, Archer T2U) are used. The tests are carried out
at 5.56 GHz in order to reduce the potential
interferences with other devices operating in the 2.4
GHz band. The MTU is set to 2304 bytes, which allows
a higher amount of packets to be multiplexed.

The implementation includes the next features:
• Two ROHC compression modes are included:
Unidirectional and Bidirectional Optimistic. A
feedback channel can be created from the decompressor
to the compressor. ROHC profiles included:
IP/UDP/RTP, IP/UDP, IP/TCP, IP/ESP and IP/UDPLite.

• D-ITG traffic generator [23] is employed in the
generator and the receiver.

• Four different multiplexing policies can be combined:
a) sending a fixed number of native packets; b) filling a
packet size; c) sending if a packet arrives after a timeout
expiration; and d) sending in a periodic way.
1

Simplemux in Github, https://github.com/TCM-TF/simplemux
The OpenSource ROHC library, https://rohc-lib.org/
3
TUN/TAP enables packet reception and transmission for user space
programs in Linux.

Fig. 10. Test scenario

2
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However, if packets are multiplexed (blue left columns in
Fig. 15), it can be observed that packet loss gets reduced
dramatically (if the number of multiplexed packets is higher
than 1). In this case, the improvement of the airtime drawback
achievable with multiplexing is clear: significant savings are
obtained because the number of times MAC mechanisms have
to be employed is reduced, as a consequence of the packet per
second reduction. In addition, if ROHC is activated (patterned
right columns), the saving becomes significantly higher, but in
this case the reason is the size reduction achieved by header
compression of small packets.

b) Traffic traces: Two kind of traffic traces have been
generated with D-ITG: in tests requiring a fixed size (e.g.
small UDP packets, RTP flows), the standard options of the
traffic generator are used. For generating variable size traffic,
we have extracted the packet size and inter-packet time
distributions from the trace in [2], so as to preserve the packet
size distribution of real Internet traffic. When required, the
inter-packet time has been scaled in order to reduce the
bandwidth to a target amount.
B. Modification of the Traffic Profile with Multiplexing
As explained in Section V, multiplexing can achieve
significant reductions in terms of packets per second. In this
subsection we have used the Internet trace [2], scaled down to
8 Mbps, and sent it through the multiplexer, using different
values for the size limit of the multiplexed packets.

packet size [bytes]

Native packets

Fig. 11 presents the packet size of 15 sec. of the Internet
trace. It can be seen that a thick line corresponding to small
packets (40-60 bytes), and two lines of big packets (1450 and
1500) are present, which correspond to the peaks in Fig. 1.
If we multiplex the small packets (using 200 bytes as the
size limit), we obtain the traffic distribution shown in Fig. 12,
where red “x” dots correspond to the multiplexed packets. It
can be observed that small packets are multiplexed into bigger
ones. In this case, 7,908 packets travel into 395 multiplexed
bundles. The rest of the packets (10,932) are not multiplexed.
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Fig. 11. Packet size distribution of the original Internet traffic trace [2]

Obviously, if we increase the size limit, more packets will
be sent to the multiplexer, so the amount of packets will be
further reduced. The reduction in terms of packets per second
can be up to 50 % if the size limit is higher. However, Fig. 13
shows that the improvement is small, since the saving is mainly
produced by the multiplexing of the very small packets. It can
be observed that the savings are similar to those predicted
analytically (Fig. 8).

packet size [bytes]

Packets after the optimization

C. Bandwidth Savings
a) RTP using the wired bottleneck: Five concurrent RTP
sessions, using different codecs, are sent through the
multiplexer (Fig. 14) using the wired bottleneck. It can be
observed that the maximum savings are obtained for the
codecs with the highest header-to-payload ratio. In this case,
the saving is mainly produced by header compression.
Multiplexing allows the sending of compressed headers endto-end, and maintains the tunneling overhead low. The
compression ratio can be up to 46% for certain codecs.
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Fig. 12. Packet size distribution of the Internet traffic trace, once packets
smaller than 200 bytes have been multiplexed
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b) Small UDP traffic using the wireless bottleneck: A
flow of 15,000 small packets per second (60 bytes) is sent
through the multiplexer (7.2 Mbps at IP level). The bottleneck
is an 802.11ac link at 9 Mbps, but the airtime drawback makes
it impossible for the flow to traverse the link: in the first
column of Fig. 15 (native), it can be seen that when
multiplexing is not activated, packet loss is very high. The
cause is that the MAC protocol has to act before each packet is
sent, so airtime efficiency is really poor, taking into account
that the packets are only 60 bytes long.
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Fig. 14. Bandwidth savings for VoIP RTP traffic in a wired connection
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VIII. CONCLUSIONS
This paper has presented Simplemux, a traffic optimization
protocol aimed to improve efficiency in wired and wireless
networks managing high rates of small packets with limited
resources. The design of Simplemux has been presented, and
some deployment scenarios have been detailed. An analysis of
the improvements achievable with Simplemux has been carried
out, and a battery of tests has been deployed using a real
implementation. The savings in terms of bandwidth are
significant (up to 46%) when small packets are multiplexed. A
public Internet traffic capture has been analyzed, showing a
high amount of small packets. In this case, the reduction is
mainly achieved in terms of packets per second (up to 50%). In
wireless networks, packet grouping results in a significantly
improved use of air time, as shown in the tests.
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