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1. INTRODUCTION

Networks on Chip [1] (NoCs) have been inves-
tigated in the last few years as a promising alternative
to bus-based and point-to-point architectures to inter-
connect Intellectual Property cores (IPs) in Systems
on Chip (SoCs). NoCs allow simultaneous transac-
tions between several pairs of cores (parallelism) and
the connection of new IPs does not imply redesigning
the communication infrastructure and cause no signif-
icant performance reduction on the overall system
(scalability).

The typical workload of complex SoCs includes
control signals, large memory block transfers and mul-
timedia streams. Temporal requirements (deadlines to
send/receive data) and data volume to be transmitted
characterize applications. However, the transmission
of a given flow through a wormhole packet switching
NoC may modify the original flow rate, resulting in

missed deadlines at the target IP. This is called the
load fluctuation phenomenon. Three processes intro-
duce load fluctuation: data packaging, router process-
ing, and concurrency between flows. Variations in laten-
cy caused by load fluctuation are called jitter.

Figure 1 illustrates a typical example of data
arriving at a target IP with load fluctuation. In the
Figure, IP0 generates data to IP8, in a 3x3 mesh
NoC. Figure 1(b)-A shows a 2-frame stream being
generated at a given rate. Figure 1(b)-B represents
data injection into the network after packaging
(adding header information to each packet), the first
source of load fluctuation. Then, this flow traverses
the NoC, and at each hop routing and arbitration is
executed, the second source of load fluctuation. This
flow arrives at IP8, Figure 1(b)-C, with different
delays between flits. If this flow is blocked by another
flow, the third load fluctuation factor, concurrency
between flows, arises.
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One technique to minimize or even suppress
jitter is to introduce a decoupling buffer (D-buffer) on
the target IP, which receives data from the NoC, with
jitter. The target IP consumes data from this buffer, at
the application rate, without jitter. Two problems
must be solved to implement the D-buffer: (i) which
size must the buffer have?; (ii) how much time should
be expected before data consumption starts (thresh-
old)? Buffer size and threshold must be correctly
dimensioned to avoid: (i) data loss, which happens if
the NoC cannot write into the D-buffer (buffer full);
(ii) starvation, which happens if the IP has no data to
read from the D-buffer (buffer empty); (iii) latency
increasing, which happens if data consumption by the
target IP starts too late.

This paper has two objectives. The first one is
to characterize sources of jitter introduced by data
packaging, arbitration/routing and concurrency with
other flows. The second one is to propose a buffer siz-
ing method to restore the temporal characteristics of
QoS flows.

This work is organized as follows. Section 2
discusses related work in buffer sizing for NoCs.
Section 3 proposes a new method of traffic modeling.
Section 4 discusses jitter sources. Section 5 describes
the proposed D-buffer sizing method, the main con-
tribution of this paper. Section 6 presents experimen-
tal results and Section 7 concludes the paper suggest-
ing some directions for future work.

2. RELATED WORK

This Section reviews works concerning buffer
sizing and its relation with QoS parameters. Different
methods have been proposed for traffic generation
and buffer management.   

Hu et al. [2] presented a method for buffer
sizing on intermediate nodes of NoCs, using queu-
ing theory formalisms. The main objective is to min-
imize the average latency of all communications that
occur on the NoC, with reduced buffer area occupa-

tion. The Authors considered data storage using
packets as atomic unit, i.e. store-and-forward switch-
ing mode. The store-and-forward technique is not
frequently used in NoCs, since it increases latency
and area, because NoC buffers size must be at least
the size of the maximum size packet. In terms of
traffic modeling, the Authors employ a Poisson syn-
thetic model to characterize telecommunication net-
works. The disadvantage of this model is reduced
accuracy compared to trace-based models or even
self-similar models.

Varatkar and Marculescu [3] demonstrated the
self-similar characteristic of MPEG traffic, one typical
application on current SoCs. The Authors showed
that it is possible to define the optimal size for buffers
of MPEG decoders modules to avoid buffer overflow.
In terms of traffic modeling, a method for synthetic
traffic generation is presented where traces of traffic
and their statistical properties are combined on a syn-
thetic trace generation procedure. However, experi-
mental traffic scenarios considered only point-to-
point communication, discarding the possible influ-
ence of concurrent flows. In addition, the Authors
give no data about the buffer threshold value.

Chandra et al. [4] presented a method to size
buffers considering data production and consumption
rates of packets transmitted in burst. Throughput is
the performance metric employed to compare atomic
and distributed buffers. Atomic buffers are those at
target IPs, while distributed buffers are those found
on intermediate nodes. Results presented in [4] show
a higher throughput for the distributed buffer strate-
gy. The main weakness of this method is that the NoC
is optimized for a fixed traffic scenario, which is inad-
equate to SoCs that accept applications defined after
design.

Manolache et al. [5] propose a method based
on traffic heuristics for buffer space optimization on
size and occupation, considering latency constraints
and packet drop estimations. In this method, commu-
nication events are mapped on the network and/or
packets are delayed at the source, in order to avoid

Figure 1. Load fluctuation phenomena in NoC-based SoCs. (a) traffic source IP0 sends data to the traffic target IP8; (b) illustration of jit-
ter arising at different points on the path between source and target. NI stands for Network Interface.
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concurrence between different flows. The Authors use
a set of synthetic applications in the experiments to
validate the method. The obtained results show the
effect of traffic shaping to reduce the total amount of
required buffer space on intermediate routers.
Another result is an increase in the number of appli-
cations that can be implemented on a specific buffer
space. This work, however, does not account for
throughput guarantees.

Nicopoulos et al. [6] propose a unified buffer
structure that dynamically allocates virtual channels
and buffer resources according to traffic conditions.
The Authors apply packet injection using fixed and
variable (self-similar) rates in the experiments. They
also vary the spatial traffic distribution. This work
presents results emphasizing latency reduction and
throughput increase. However, the method does not
account for guarantees on throughput and latency val-
ues on the target routers.

Coenen et al. [7] present an algorithm to size
buffers at the target IP in a NoC using virtual chan-
nels and credit-based flow control. The objective is to
guarantee a constant consumption rate on target IPs
without data loss. The Authors consider the periodic-
ity properties of both data production and consump-
tion from buffers using two arrays which store infor-
mation expressing data arrival times and the required
data processing rate of a target IP. However, they do
not consider concurrency between different flows,
which probably turns the target traffic aperiodic in
time.

Table I presents a summary of related works on
buffer dimensioning. These works present basically
three methods for buffer sizing. Most of these [2] [3]
and [5] execute buffer sizing on intermediate NoC
routers. The main objective is the overall latency
reduction. Nicopoulos et al. [6] propose a unified

buffer structure, to reduce latency. Coenen et al. [7]
propose a method to size buffers at the target NI
(Network Interface), with the objective of guarantee-
ing application constant throughput. In [4], experi-
ments evaluate both internal and external buffer
dimensioning.

In terms of traffic modeling, some works
employ synthetic traffic [2][4][6], while others use
trace-based workloads [3][5][7]. Methods for strict
QoS requirements are implemented in [5] and [7] for
latency- and throughput-sensitive applications,
respectively.

A significant part of the reviewed buffer sizing
works does not consider concurrency between distinct
flows. Besides, when abstract NoC models (e.g.
SystemC descriptions) are employed, the jitter
induced by packaging and arbitration/routing is not
taken into account in the sizing methods. This work
proposes a general method for traffic modeling and
for defining the size and threshold value for D-buffers,
considering the influence of packaging, arbitration,
routing and concurrency between flows.

3. TRAFFIC MODELING

Traffic modeling is the phase on the NoC
design cycle where communication requirements are
captured [8]. Multimedia applications, such as audio
and video streams, represent the typical workload of
present SoCs. Works like [3] and [9] describe traffic
modeling algorithms for video streams. Streams are
composed by frames, generated at constant intervals,
characterizing an ON-OFF traffic model. The size of
each ON period may vary, as induced for example by
the use of compression algorithms. The rate of the
ON period is usually constant.  

Table I. Characteristics of related work in buffer sizing.

Author Hu et al. [2] Varatkar and Chandra Manolache Nicopoulos Coenen
2006 Marculescu [3] et al [4] et al. [5] et al. [6] et al. [7] 

2004 2004 2006 2006 2006
Goal Minimize Optimize buffer Algorithm to Buffer space Dynamic virtual Buffer sizing on

average latency, size for MPEG reduce search optimization in channels and target NI buffers,
with reduced modules, under space for optimal size and buffer resources to guarantee a
buffer area self-similar buffer sizing occupation, allocation, constant
occupation traffic based on traffic according to consumption by

heuristics. traffic conditions the application
Traffic model Synthetic Trace-based Synthetic Trace-based Synthetic Trace-based
Internal or Internal Internal Both Internal Unified structure External
external buffer 
dimensioning?
Metric for Latency Latency Throughput Latency Latency and Throughput
performance throughput
evaluation
Concurrent Yes No No Yes Yes No
traffic effects 
considered?
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Due to the higher transmission rate of NoC
channels, compared to individual IP rates, it is recom-
mended to encapsulate application data into packets,
in a process called packaging. Figure 2 details a pack-
aging process. Figure 2(a) presents the stream under
generation by the source IP, started by two frames
with different sizes. Each 4µs a new frame starts.
Assume frames are composed by 16-bit words, with
flit size equal to the word size. In the example, frame0
contains 10 flits and frame1 contains 15 flits. During
each ON period, the IP generates data at a constant
rate. In the Figure, the data generation rate for frame0
and frame1 is 160 Mbps (10 16-bit flits transmitted in
1µs, for frame0 and 15 16-bit flits transmitted in
1.5µs, for frame1). Figure 2(b) is a detailed view of
frame0. A flit is produced every 100 ns. For a 50
MHz clock (20 ns period), both flit generation and
flit consumption should occur every 5 clock cycles.
Figure 2(c) shows frame0 segmented in two packets,
with header information included. These packets are
injected into the network and stored in a D-buffer on
the target IP.

The traffic generation for the ON-OFF traffic
model uses the following parameters:
• Number of frames, a fixed parameter.
• Frame_start_time, the timestamp of the first pay-

load flit injected into the NoC (440 ns in Figure 2).
• Inter_frames_arrival, a fixed parameter, corre-

sponding to the distance between two consecutive
frames.

• Frame_size, which corresponds to the size of the
ON period.

• Rate of the ON period, a fixed parameter. In Figure
2 the rate of the ON period is 160 Mbps.

• Number of packets per frame or packet size. If the
number of packets per frame is fixed, the packet size
varies according to the rate and the ON period size.
If the packet size is fixed, the number of packets per
frame varies, as illustrated in Figure 2.

The algorithm in Figure 3 describes the traffic
generation process for the ON-OFF traffic model,
considering the packaging process (Figure 2 (c)).

Line 1 initializes the timestamp to inject the first
frame. The timestamp is the ideal moment to transmit
a packet or a frame, and its value is based in a global
counter, that registers the number of clock cycles spent
since the beginning of a simulation. The next line starts
the frame transmission loop. Lines 4 to 11 execute
when the packet size is a fixed parameter. Line 5 com-
putes the number of packets for the current frame,
according to the execution of the framesize function (it
may employ fixed frame sizes, probabilistic functions, or
traces from real applications). The loop between lines 6
to 11 injects the packet into a FIFO (function gener-
ate), and computes the timestamp of the next packet
(line 7 – detailed in the next paragraph). The generate
function inserts the new packet, with timestamp pkt_ts
and size pcksize, in a FIFO. This FIFO is used only for
traffic generation. Another process reads this FIFO,
injecting the packet into the NoC. Note that if the net-
work is congested, the injection timestamp may be dif-
ferent from pkt_ts, increasing latency and jitter. Lines 12
to 20 execute when the number of packets per frames
is fixed. Line 21 computes the timestamp for the next
frame, according to the inter_frames_arrival parame-
ter. The timestamp of the packet, computed in lines 7
and 15, considers the timestamp of the previous packet
(prv_tmp), the previous packet size (prv_pcksize), the
number of clock cycles to transmit one flit (ncyclesflit)
and the idle time between packets. The idle time fol-
lows the equation below [10].

In this equation, chr is the channel transmission
rate and ipr is the IP transmission rate, both measured
in Mbps.

Figure 2. Data packaging process exemplified using a video
stream.

Figure 3. Traffic generation algorithm for the ON-OFF traffic
model for video frames.
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In the previous example, chr=800 Mbps,
ipr=160 Mbps, pcksize=5 and ncyclesflit=1, resulting in
an idle time between packets equal to 20 clock cycles.
However, Figure 2 shows an idle time equal to 18
clock cycles, due to the influence of the header flits.
The injection process reads the timestamp of the next
packet, subtracting from it the number of clock cycles
necessary to insert the header information (in the
example, 2 clock cycles).

4. JITTER SOURCES

As stated before, three processes introduce jit-
ter in wormhole packet switching NoCs: data packag-
ing, router processing, and concurrency between flows.
In contrast, circuit switching does not introduce jitter,
and provides latency and throughput guarantees. The
reason NoCs adopt wormhole packet switching
despite the difficulties to ensure temporal constraints
for QoS flows is that wormhole requires no static
resource reservation, enabling to optimize NoC
resources (e. g. to share the same physical channel
between two distinct flows).

Section 3 presented the packaging process,
exemplifying it with a video frame in Figure 2.
Incoming flits are stored in a FIFO buffer at the source
NI. When the number of stored flits is equal to the
packet size, these flits are injected into the NoC, in
burst. Header flits occupy the beginning of the packet,
containing for example the target router address and
the payload size. The idle time between packets must
be respected, to keep the original application data rate.
Data packaging optimizes channel bandwidth use, due
to burst transmission. As illustrated in Figure 2, the
addition of the two header flits in the beginning of the
packet reduces the idle time between packets from 20
to 18 clock cycles, introducing jitter before injecting
packets into the NoC. The effect of header insertion in
the jitter depends on the packet size. It is important to
mention that the dimensioning of the FIFO buffer at
the source NI is not a subject approached in this work.
The subject of this work is to suppress the jitter at the
target IP by means of the D-buffer.

This paper assumes the use of distributed rout-
ing schemes. In these schemes, a packet injected into
the network traverses different routers to reach the tar-
get IP. At each intermediate router, a process to select
which input port must be served first (arbitration) and
the selection of the output port (routing) is executed
(only for the header flits). Considering that this process
takes some clock cycles to execute, some flits are
blocked in the meantime, changing the original packet
rate, and consequently increasing jitter. Router designs
include input or output buffers to reduce congestion
during arbitration and routing, not to reduce jitter.

The third process that introduces jitter is the
concurrency between different flows sharing the same
NoC resources. When two or more flows are assigned
to use the same router output port, one flow transmits
first, while the other(s) must wait the end of this trans-
mission. This also modifies the original rate of blocked
packets, introducing jitter. A technique used to mini-
mize this problem is the adoption of virtual channels,
a time division multiplexing method. Virtual channels
transmit flits from different flows in an interleaved
manner. This technique improves NoC performance,
reducing the total latency and the jitter. 

Jitter introduces several problems for applica-
tions: (i) received data may not respect temporal
requirements, such as the interval between bursts; (ii)
packet latency increases; (iii) the target IP may lose
data. Even though the available bandwidth in NoC
channels is usually high (around Gbps [11]), it is nec-
essary to recover the original rate produced by the
source IP respecting temporal deadlines. This can be
achieved using decoupling buffers, the D-buffers,
attached to the NI of the target IP.

5. BUFFER SIZING

This Section presents the method to compute
the size and the threshold values for the D-buffers.
The D-buffers are part of the target IP network inter-
face, as illustrated in Figure 4. The correct definition
of the buffer size avoids data loss, and the correct def-
inition of the threshold value avoids starvation. Data
loss happens when the NoC cannot write into the D-
buffer (buffer full). Starvation happens when the IP
has no data to read from the D-buffer (buffer empty).
These two parameters are obtained using data collect-
ed after the NoC simulation, using the modeled traf-
fic as workload. The simulation data is collected at the
output port of each router.

A global counter is responsible to count the
number of clock cycles, globaltime, since the begin-
ning of NoC simulation (clock cycle accurate simula-
tion, with the NoC modeled in synthesizable
VHDL, and the test bench in SystemC). A new flit
arrives at the output port of a given router when the

Figure 4. Data collection at the NI decoupling buffer.
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signal outTx is asserted (the assertion of this signal
corresponds to the flow control used in most NoCs:
handshake or credit-based). For each new flit arrival,
the current timestamp (value of the globaltime
counter) is stored in the router timestamp file, (tmp-
file, in Figure 4).

The proposed method fills two arrays. The first
array, named recv, collects data generated after simula-
tion at the output port of the target router (data pro-
duction, in Figure 4). The second array, named cons, is
filled according to the rate at which the IP should
receive data. These arrays contains at each index position
the value ‘1’ or ‘0’ according to the following rules:
• recv[index] = ‘1’, if a flit is received at the output

port at timestamp index, ‘0’ otherwise;
• cons[index] = ‘1’, if a flit must be consumed by the

target IP at timestamp index, ‘0’ otherwise.
The size of the recv and cons arrays is equal to

the number of clock cycles corresponding to the inter

frames arrival (IFA) parameter, which is the time
between two frames (Figure 5). This parameter,
together with size_ON, form the QoS parameters for
the target application, and are obtained at design
time, from the trace files which describe the traffic
that will run on the NoC. Timestamp TR0 corre-
sponds to the timestamp of the first flit received at the
router output port.

Figure 6 presents the algorithm to fill the recv
array. Tbegink and Tendk in lines 1 and 2 define the
interval where flits belonging to the frame k should be
received, according to the parameters IFA and TR0.
Line 3 initializes the recv array, filling all positions with
value ‘0’. Line 4 starts a loop seeking in the timestamp
file, tmpfile, a value within the frame k (line 5). The
difference between the flit arrival timestamp, value i,
and the initial frame timestamp, Tbegink, (line 6)
defines the recv index. The recv array at the index posi-
tion receives ‘1’ (line 7). The algorithm finishes when
the value read in the tmpfile corresponds to a flit
belonging to the next frame (line 9).

The consumption array, cons array, considers
for each frame k the size_ONk parameter (in clock
cycles) and the consumption rate. The consumption
rate is normalized to the channel bandwidth. Figure 8
presents the algorithm to fill the cons array. Line 1 ini-
tializes the cons array, filling all positions with ‘0’.
Line 2 starts a loop, storing ‘1’ in the cons array
according to the consumption rate.

Figure 7(a) illustrates the execution of the algo-
rithm to fill the recv array. The flits arrival time, stored
in the tmpfile, are {130, 131, 132, 134, 146, 147,
149, 150, 166, 167, 168, 169}. Executing the algo-
rithm presented in Figure 6, the recv array is filled
according to Figure 7(a). Figure 7(b) illustrates the
execution of the algorithm to fill the cons array. The
defined size_ON is 28 clock cycles and the consump-
tion rate 25% (0.25). Each 4 cycles (1/0.25) a flit
should be consumed from the buffer. The algorithms
are executed for all simulated frames.Figure 6. Algorithm to fill the recv array, for the kth frame.

Figure 5. Parameters for buffer size and threshold definition.

Figure 7. (a) recv (reception) and (b) cons (consumption) arrays.

06-Tedesco-v3n1-AF  07.07.08  16:38  Page 51



Buffer Sizing for Multimedia Flows in Packet-Switching NoCs
Tedesco, Calazans & Moraes 

52 Journal Integrated Circuits and Systems 2008; v.3 / n.1:46-56  

To define the D-buffer size and threshold val-
ues two Boolean variables are considered: production
period and consumption period. The production period
is true in the interval comprising the reception of all
flits belonging to the current frame, or during the
reception of flits belonging to the next frame. The
consumption period is true during the ON period of
the IFA interval. In Figure 7(a) it is possible to
observe that part of the recv array cells is filled with
ones inside the consumption period. The last four flits
arrived belong to the next frame, but appear in the
present frame due to the load fluctuation produced by
the concurrent traffic.

Table II illustrates the conditions that may arise
according to the values of recv and cons array, and the
values of production and consumption variables. The
condition recv[i]=‘1’ and cons[i]= ‘1’ indicates a flit
reception and consumption at time-slot i. In this case,
no increase on D-buffer size and threshold is necessary.

The algorithm presented in Figure 9 computes
the D-buffer size and threshold values. It computes
the instantaneous difference between the two vectors,
storing it in the acc variable. The acc variable is initial-
ized with the number of flits received in the previous
frame that belong to present frame (line 2). Another
variable, nbflits, counts the number of received flits on
the target NI, and it is initialized with zero at each
new frame analysis. According to Table 2, line 6 of the
algorithm expresses the condition to increase the
buffer size and the threshold values. When this condi-
tion is true, the acc variable is updated (line 7), the

same happening to the maximal (lines 8-10) and min-
imal (lines 11-13) acc values. Line 14 increments the
number of flits belonging to the ON period. When
the condition expressed in line 6 is false and a flit is
received, the first_flits variable is incremented, to be
used in the next frame (line 16). The D-buffer size
corresponds to the addition of the acc maximum value
(higher_acc) with its absolute minimal value
(lower_acc) (line 20). The absolute minimum value of
acc multiplied by the consumption rate indicates how
much time must be expected before the beginning of
flits consumption, i.e. the threshold value (line 21).

6. RESULTS

The HERMES [12] NoC, a wormhole packet-
switched mesh topology NoC, was used to evaluate
the buffer sizing technique proposed in this work. The

Figure 8. Algorithm to fill the cons array, for the kth frame.

Figure 9. Algorithm to define the size and threshold values for the
D-buffer.

Table II. Conditions for buffer size and threshold definitions (x stands for don’t care).

recv[i] cons[i] Production Consumption Situation
Period period

0 1 any false Not applicable, the cons array is true only during the consumption period.
any true The IP must consume a flit at timeslot i, but it was not received at this 

timeslot. This arises when flits are blocked inside the network. In this case, 
it is necessary to increment the amount of time to wait to start data 
consumption, i.e., increment the threshold value (e.g. index 28 in Figure 7).

1 0 true true A flit reception at timeslot i, before the moment to consume it. This 
condition frequently arises after a congestion situation. In this case, 
increment the D-buffer size (e.g. index 2 in Figure 7).

true false If the received flit belongs to the current frame, but it is outside the consumption
period, both D-buffer size and threshold values must be incremented.
If the received flit belongs to the next frame, an extra buffer slot is required if
the difference between the number of flits produced and consumed until this
moment is smaller than the buffer size. The number of such flits must be 
considered for the D-buffer dimensioning in the next frame (e.g. index 36 to 
39 in Figure 7).

false x Not applicable, all ‘1’ values stored in the recv array are within some produc-
tion period equal to true.
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fixed network design parameters are: 8x8 mesh; 16-bit
flit size; 8-flit depth internal buffers; credit-based flow
control; deterministic XY routing algorithm; 2 or 4
virtual channels associated to each physical channel.
The employed NoC frequency is 50MHz, correspon-
ding to an 800 Mbps channel rate.

The experiments employ three synthetic traf-
fic models: control signals, HTTP and HDTV.
Table III summarizes the characteristics of traffic
models. Control signals are used as noise traffic,
being transmitted using a complement spatial dis-
tribution. HTTP traffic is used to disturb the real
time streaming traffic, HDTV. The HDTV traffic is
characterized with temporal requirements, and D-
buffers must be connected to the IPs receiving this
traffic, to guarantee throughput with no deadline
violation. 

Control signal packets are modeled with small
15-flit packets, which represent a typical size for this
kind of traffic. These packets are continuously gener-
ated in time, characterizing a CBR flow. The injection
rate is 16 Mbps, corresponding to 2% network band-
width consumption. HTTP traffic is modeled using
Pareto ON-OFF injection process, where packets are
generated during the ON period at 160 Mbps. The
ON-OFF model describes the HDTV traffic. The ON
period generates 10 packets at 200 Mbps, correspon-

ding to 10 HDTV channels, consuming 25% of a
NoC channel bandwidth. Each HDTV initiator trans-
mits 20 frames. The simulated scenarios employ fixed-
size and traced-based packets [13]. 

Figure 10 illustrates the spatial traffic distri-
bution used in experiments, with two HDTV initia-
tors (M1-M2), being the HDTV flow M1 disturbed
by three HTTP flows. The complement distribution
employed by the noise traffic increases the commu-
nication volume on the network bisection. HDTV
and HTTP flows are placed next to the middle of
the network, to maximize the noise traffic influence
in these flows. The number of competing flows
must be superior to the number of virtual channels
to enable evaluating the impact of concurrence in
latency and jitter.

A. Buffer sizing for fixed and variable packet
sizes

This scenario models HDTV flows using the
ON-OFF traffic model, for both fixed and variable
packet sizes. The fixed packet size scenario employs a
1500-flit packet size. Traces collected from [13] are
used to define the variable packets sizes. Traces have
an average packet size of 1500 flits, varying from 15
to 6200 flits. Table 4 presents results related to the D-
buffer threshold and size, as well as latency, consider-
ing packaging, concurrence between flows and the
number of virtual channels. 

1) Impact of packaging

When packaging is not adopted, there is no sig-
nificant need for buffer slots, because there is almost
no difference between the original data rate transmit-
ted and the one arriving on the target IP. The adop-
tion of packaging significantly reduces latency values
and network contention, at the cost of increased D-
buffer size (Bsize). The D-buffer size is proportional
to the injection rate and the maximum packet size.
The experiment adopts an injection rate of 25% of the
channel bandwidth, meaning that one flit must be
consumed each 4 clock cycles. Therefore, for each
consumed flit, three flits remain stored in the D-
buffer.Figure 10. Spatial traffic distribution, with HDTV M1 being dis-

turbed by three HTTP flows.

Table III. Traffic modeling for the conducted experiments (PS: packet size, IR: Injection Rate).

Application Requirement Traffic characteristics
Control Signals Signaling PS 15 flits

IR Constant injection rate: 16 Mbps
100 HTTP sessions Real-time block transfer PS 600 to 1500 flits (fixed sized per experiment)

IR Pareto ON-OFF: 160 Mbps ON period
10 HDTV channels Real time streaming PS Fixed (1500 flits) and trace-based (1500 flits on average)

IR Transmission of 10 simultaneous HDTV flows per frame.
Rate during a frame period: 200 Mbps (25% load)
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Multiplying the maximum packet sizes (1500
for synthetic and 6200 for trace-based traffic) by 0.75
(percentage of idle time) the buffer size is 1125 and
4650 for synthetic and trace-based traffic respectively.
These values can be observed in lines 3 and 7 of Table
4. For fixed packet sizes or when there is no concur-
rence between flows, the threshold value is zero. This
means that flits can be consumed as soon as they arrive
at the D-buffer.

When variable packets sizes are used together
with packaging, the threshold values are greater than
zero (line 7-8). Figure 11 shows packets arriving in
the D-buffer and being consumed by the application,
considering a threshold value equal to zero. The inter-
val between packets is proportional to the packet size.
This gap corresponds to a starvation condition, since
the IP has no data to consume. The threshold value
solves this problem, since it defines the amount of
time to wait before data consumption starts. This
value is high because a significant variation in packet
length is present in the trace files.

2) Impact of concurrence

For the synthetic traffic model, concurrent traf-
fic leads to a considerable increase in both threshold
and buffer size (compare lines 3-4 of Table 4).
Increasing the number of virtual channels, the effect
of concurrence is minimized. For trace-based traffic,
the impact of concurrence between flows is higher
when no packaging is adopted (lines 5-6). 

The concurrence between flows does not affect
the dimensioning of the D-buffer, since the buffer size
is large enough to store data within the threshold peri-

od (lines 7-8). Increasing the number of virtual chan-
nels does not change the D-buffer dimensioning, for
the same reason: the buffer is sized according to the
largest packet. The concurrence affects mainly the
threshold value for both traffic models. The D-buffer
size is greatly affected by the size of the largest pack-
et. Latency is minimized employing packaging with
fixed packet sizes, as in ATM networks.

3) Impact of routing/arbitration

The impact of routing and arbitration is very
small compared to the other sources of jitter. This
effect is caused by the larger size of HDTV packets
(1500-6200 flits), compared to the amount of clock
cycles spent for arbitration/routing (about 7).

This impact can be noted in lines 1-2 and 5-6,
when no packaging is adopted. The obtained buffer
size corresponds to the number of clock cycles to
route/arbitrate packets in one router. Note in line 6
the reduction of the D-buffer size, when four virtual
channels are adopted.

4) Buffer occupation

Figure 12 shows the number of filled buffer
slots (x axis) versus the number of clock cycles these
slots are filled during a simulation run (y axis), when

Table IV. Values of threshold and buffer size for IP 59.

Line Traffic Packaging? Concurrence? Two virtual channels                     Four virtual channels          
model Bthreshold Bsize Latency Bthreshold Bsize Latency

(cycles) (flits) (cycles) (cycles) (flits) (cycles)
     1     Synthetic No No 0 9 22547 0 9 22550
     2     (fixed No Yes 0 9 24794 0 10 22552
     3     packet Yes No 0 1125 2300 0 1125 2300

4     sizes) Yes Yes 2664 1817 5059 0 1150 2407
     5     Traces No No 0 9 21501 0 9 21502
     6     (variable No Yes 20 704 24112 4 11 21301
     7     packet Yes No 16048 4650 14193 16048 4650 14914

8     sizes) Yes Yes 14520 4654 14192 16048 4650 14915 

Figure 11. Data consumption without threshold, causing star-
vation.

Figure 12. D-buffer occupation using HDTV with fixed 1500-flit
packet sizes, without (gray) and with (black) concurrency of 1500-
flit HTTP packets.
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fixed packets size for HDTV traffic and two virtual
channels are used. In the absence of concurrency, the
buffer is homogeneously used in time. This behavior
changes with concurrent traffic. When a given packet
is blocked, it is possibly sent with a smaller idle time
w. r. t. the next packet, in this way requiring buffer
space to avoid deadline violations. Comparing the D-
buffer sizes (3rd and 4th lines, 6th column of Table 4),
the difference is 692, corresponding to the right shift-
ing of the curve. These 692 extra buffer slots are
required to absorb the jitter introduced by the con-
currency between flows.

Figure 13 presents the buffer use for a flow
having variable packet sizes. As shown in Figure 12,
flows with fixed packet sizes use the buffer in a uni-
form way. Figure 13 shows a distinct behavior, since
the buffer occupation is in average 70% during the
application simulation. This is induced by larger pack-
ets, which must be buffered in order to allow the con-
sumption at the application rate.

This first set of experiments demonstrated the
effect of the concurrency between flows in the jitter,
buffer size and buffer occupation, even when virtual
channels are employed. The curves of Figure 12 and
Figure 13 were obtained simulating the network with
the D-buffer, after sizing it. The number of lost pack-
ets was zero, with a constant buffer consumption rate,
validating the method to size the buffers.

B. Violated deadlines

The second set of simulation scenarios concern
the percentage of violated deadlines due to buffer size
reduction.

Figure 14 presents the latency and the percentage
of flit deadline violation for fixed-size packets, consider-
ing packaging and 3 HTTP flows disturbing the QoS
flow, as a function of the D-buffer dimension. If no D-
buffer is used, a 68% flit deadline violation is observed,
due to the jitter. A 40% reduction on buffer size and

threshold produces an important latency decrease, for a
small number of flit deadline violations (5%). This graph
shows that: (i) if a small percentage of deadline viola-
tions is allowed, the buffer can be reduced, minimizing
area and latency; (ii) the deadline violations strongly
increases with the buffer size reduction.

Figure 15 presents an experiment similar to the
one presented in Figure 14, using variable packet
sizes. Despite the higher latency values, the latency
decrease has the same behavior in both experiments.
Comparing Figure 14 to Figure 15, the main differ-
ence observed is the flit deadline violation growth.
When the D-buffer size is reduced in 60%, the fixed-
sized packets traffic has 22% of deadline violations,
while in the variable packet-size 10% of deadline vio-
lations arise.

7. CONCLUSIONS AND FUTURE WORK

This work presented a method to dimension
decoupling buffers (D-Buffers), attached to the NoC
output ports, guaranteeing throughput and no jitter
to QoS flows. The advantage of adopting D-buffers

Figure 13. D-buffer using HDTV with variable packet sizes, with-
out (gray) and with (black) concurrency of 1500-flit HTTP packets.

Figure 15. Latency and flit loss for trace-based frames HDTV
traffic, disturbed by 3 HTTP flows (1500-flit packets).

Figure 14. Latency and percentage of flit violated deadlines for
fixed-size packets, disturbed by 3 HTTP flows (1500-flit packets).
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instead of sizing the internal NoC buffers is reuse and
flexibility, i. e. the same NoC may be used for differ-
ent traffic scenarios without NoC re-synthesis. 

Three sources of jitter were identified in this
work. The D-buffer size is a function of the largest
packet of the flow, assuming the use of packaging. The
D-buffer threshold is a function of the concurrence
between flows. The jitter introduced by the interme-
diate routers processing (arbitration and routing) may
be neglected when compared to the other two jitter
sources.

Despite the fact that D-buffers increase the
latency, streaming applications require guaranteed
throughput, not necessarily small latencies [11].
Consequently, latency increase is not a drawback for
most multimedia applications. The latency may be
minimized reducing the D-buffer size, if some dead-
line violation is allowed.

The main drawback of the proposed method is
the simulation time, since an important number of
frames should be used to correctly size the D-buffers.
Therefore, future work includes the development of
techniques to estimate the recv array contents, based
on statistical properties of the incoming traffic.
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