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Abstract-- The number of households and businesses using HFC cable networks for Internet access is rapidly approaching 20million
in the United States. The cable industry has standardized on a single MAC and physical layer standard, the Data Over Cable
System Interface Specification (DOCSIS). We have implemented a simulation model of the DOCSIS 1.1/2.0 MAC and physical
layer using the ‘ns’ simulation package. In this paper we provide analytic and live network evidence that the simulation model is
correct. To demonstrate the model, we provide the results of a brief simulation-based performance evaluation designed to provide
insight as to how a best effort VolP service (e.g., Vonage) performs under varying traffic loads compared to a VolP service that
utilizes DOCSIS QoS mechanisms.
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A. INTRODUCTION
The cable industry has converged to the Data Over Cable System Interface Specification (DOCSIS) as
the standard MAC protocol for data over HFC cable networks [1]. The DOCSIS standard was developed
by the cable industry’s research consortium, CableLabs [2]. The standard defines the MAC and physical
layers for sending data over hybrid fiber coaxial (HFC) cable networks. A multi-system operator (i.e., a
cable operator otherwise known as an MSO) operates the cable modem termination system (CMTS)
units that interact with cable modems (CMs) deployed at subscriber’s locations. A modern CMTS houses
multiple “blades’ with each blade supporting one or more HFC domains (1 downstream channel with one
or more upstream channels). 6Mhz (or larger) of bandwidth is allocated from the 88-860Mhz spectrum
for each downstream channel and upstream channels are allocated from the 5 - 52Mhz frequency range.

In the downstream direction, a single sender (the CMTS) transmits to a set of CMs using a data rate
ranging from 10Mbps to 50Mbps. IP packets sent downstream are divided into 180 byte MPEG frames.
As in a LAN, each CM has a unique MAC address and will receive only frames that are addressed to its
MAC address or to the broadcast address. In the upstream direction, multiple senders (CMs) share a
channel offering data rates in the range of 5Mbps to 10Mbps. The upstream transmission model is a
combination of contentionless shared access using time division multiple access (TDMA) and contention-
free access using a reservation mechanism. IP packets that are sent upstream are encapsulated in a
DOCSIS frame and transmitted during assigned slots. If a packet does not fit in the number of
contiguous slots that were allocated it is fragmented into multiple frames. Traffic from CMs is classified
in terms of service flows. As an example, a configuration that supports telephony would have 4 service
flows: two for the upstream and downstream VolP traffic and two for the upstream and downstream best
effort traffic. DOCSIS maps service flows to one of several ATM-like services including best effort,
unsolicited grant service (UGS, which is equivalent to ATM’s CBR service), and non-realtime polling
(nrtPS, which is equivalent to ATM’s nrtVBR service). As in ATM, different performance guarantees are
available for each service. The particular type of service determines how upstream bandwidth is
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allocated to CMs. UGS periodically provides grants to the CM, nrtPS periodically asks the CM if it
needs bandwidth, and best effort allocates bandwidth on-demand using a contention-based request
mechanism.

Prior analysis of the IEEE 802.14 standard, the predecessor to DOCSIS, found that TCP throughput over
HFC networks is low primarily due to ACK compression [3]. While assumptions made by the authors
(such as high loss rates in the upstream path) are no longer true, our recent results do confirm that
DOCSIS induces ACK compression.  More recent analysis has been performed using an Opnet
model[4]. However most of these studies were limited in scope. Further, since source code for the
model is not readily available, the model is of limited use to the research community. In order for the
research community to participate in the advancement of this important broadband access technology, a
fully functional, validated and documented simulation model is required.

In previous work, we presented a preliminary ‘ns’ DOCSIS simulation model that we developed and
showed that certain system parameters can significantly impact performance and dynamics of a DOCSIS
system [5,6,7]. In this paper we extend our past work by providing a robust validation of the model®.
We validate the model by comparing simulation results with live network measurements and with
analytic results. To demonstrate the model, we explore the use of best effort VolP services over DOCSIS
access networks. Services such as Vonage and AT&T offer VolP without engaging DOCSIS QoS
mechanisms [8,9]. While this conflicts with the cable industry’s direction for telephony, these best effort
services offer an inexpensive and popular alternative.

The rest of this paper is organized as follows. The next section presents the operation and features of our
DOCSIS model. We present an analytic model that captures the upstream behavior of DOCSIS. Then
we present the results of a simulation analysis using our ‘ns’ DOCSIS model involving hundreds of
active CMs generating a mix of web, streaming, P2P and VolIP traffic. Finally, we provide conclusions
and identify future work.

YA long version of this paper as well as the ‘ns’ simulation code and documentation is available at

http://www.cs.clemson.edu/~jmarty/docsis.html
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B. SUMMARY OF THE SIMULATION MODEL
The simulation model implements the DOCSIS architecture defined in [1] with the following
restrictions: 1)CMs are limited to a single default best effort service flow and a single UGS or nrtPS
flow; 2)the model is limited to one upstream channel for each downstream channel; 3)the model does not
support dynamic service provisioning; 4)physical layer impairments are not modeled; 5)the model
assumes that the CMTS and the CM clocks are synchronized.

Packets sent over the downstream channel are broken into 188 byte MPEG frames each with 4 bytes of
header and trailer. The model accounts for physical layer overhead including framing bits and forward
error correction data. The downstream channel supports an optional token bucket-based service rate.
Each SID service queue is treated in a first come first serve manner. Depending on traffic dynamics,
queueing can occur at either the SID queue or the downstream transmission queue. The maximum size
of either queue is a simulation parameter.

All CMs receive periodic MAP messages from the CMTS that identify future upstream scheduling
opportunities over the next MAP time. If provisioned with a periodic grant, a CM can send at its next
data grant opportunity. For best effort traffic, a CM must request bandwidth from the CMTS using a
contention-based mechansim. When a CM is ready to transmit a request frame, it selects a random
number within its backoff window which is determined by the backoff range value. While this value is
sent to the CM in each MAP, our implementation never alters the statically configured value. Aftera CM
transmits the request, if the next MAP does not contain either a grant or a grant pending indication from
the CMTS, the CM assumes a collision occurs and increases the backoff window by a factor of two. The
contention request cycle continues until it succeeds or it has tried a total of 16 times in which case the
packet is dropped. A CM can request bandwidth sufficient to transport multiple IP packets in a single
DOCSIS frame by issuing a concatenated bandwidth request. A further performance improvement, one
which minimizes the frequency of contention-based bandwidth requests, is for a CM to piggyback a
request for bandwidth on an upstream data frame. If a CM receives a grant for a smaller number of slots
than were requested, the CM must fragment the data to fit into the assigned slots.

Figure 1 illustrates the upstream transmission of a 1500 byte IP datagram from a TCP source to a sink
located outside the HFC network. Time progresses in the downwards direction. We assume collisions do
not occur. The figure depicts an example configuration with a MAP size of 64 slots, an upstream channel
capacity of 5.12Mbps and 5 ticks per slot. 85 slots are required to transport a 1500 byte IP packet. The
small dark square box positioned at the beginning each MAP time represents the transmission of the
MAP message in the downstream direction. Our model sends a MAP message at the beginning of each
MAP time. Each MAP describes the slot assignments for the next MAP time. The IP packet arrives at
the CM during the j’th MAP at time T-0. The CM sends the bandwidth request message at time T-1 and
receives the data grant at time T-2. The grant is located in the third MAP time. The CM sends the frame
at time T-3 and is received by the CMTS at time T-4. The time between T-3 and T-0 is the access delay
which represents the total time a packet is delayed over the DOCSIS network not including transmission
and propagation time experienced by the data packet (we also refer to this delay as the t.qes). Packets

that arrive at a CM that is waiting for bandwidth to send packets that have already arrived will be queued.
The size of the upstream CM queue is a configuration parameter.
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Figure 1. Upstream transmission scenario

The bandwidth scheduler runs at the CMTS node. It executes on every tick of a timer that is set to the
MAP time frequency. The algorithm examines all existing requests for bandwidth and implements an
earliest deadline first scheduling policy. All UGS service requests are scheduled and whatever
bandwidth is left over is shared by best effort requests on a first-come-first-served basis. The scheduler
supports dynamic MAP times by allowing a MAP to specify grants up to a configured maximum (known
as the MAP lookahead). The scheduler will only do this if it can meet all QoS requirements. For
example, a system with a configured MAP time of 64 slots will generate a MAP containing 100 slots
when a 1500 byte IP packet is transmitted (85 slots for the IP packet, 3 slots for management frames and
12 slots for contention requests). When a MAP has been stretched to fit a bandwidth request, the
scheduler always adds the configured number of management and contention slots to the MAP. The
scheduler by default will assign all unused slots to be available for contention requests (this behavior can
be changed).
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Figure 2. Example DOCSIS MAP layout

C. UPSTREAM ANALYTIC MODEL
The upstream behavior of DOCSIS is similar to slotted aloha with reservations[10,11]. Following the

analysis presented in [12], we define the maximum application throughput, T,...., t0 be _ Dpercycle

tdata + trequest
Where Do, 1S the number of user data packets sent upstream in one reservation request cycle, tyy, IS
the upstream transmission and propagation time of the data and t.q.s IS the delay associated with the
request process. In this section, we present an analytic model that computes the upstream throughput that

could be obtained by a single flow. The analysis does not consider delay or loss caused by multiple
flows.

Figure 1 illustrates the teqes and ti, delays in an upstream operation. The t.qes represents the total
delay experienced by the packet from arrival at the CM until when the first bit of the packet is transmitted
upstream. The t4, IS the transmission and propagation time of the upstream data frame. Figure 2a

illustrates the MAP layout when it has data grants. Figure 2b illustrates the layout when there are no data
grants. As mentioned, the scheduler will normally allocate unused slots for contention. We define the
variable n;as the number of slots in a MAP, the variable n,,as the number of management slots and the

variable n. as the minimum number of contention slots per MAP. Initially we assume that the CMTS
does not allocate unused slots for contention requests.

In this paper we only consider the backlogged case where the CM always has 1500 byte IP packets to
send. Figure 3 illustrates the (j-1)’th MAP time during which the CM transmits data and also the next
contention request. We define Do requestoeiay @S the total number of slots delayed from when a packet
arrives until when the packet is transmitted. The delay, which is (t,-t,) in Figure 3, includes a static
portion, the configured number of management slots, n,s, and a random portion associated with the CS
backoff.
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Figure 3. Backlogged contention request delays

Once an upstream packet arrives at the CM, the CM randomly computes the number of contention slots it
will observe before transmitting a bandwidth request. We represent this delay with the random variable
Deseackoft  WHOSE range is determined by the parameter backoffRangez. The expected value is

E[DCSBMwFWZRange. Depending on the value of the backoffRange and the n, the backoff delay

might extend over multiple MAP times. We define E[N,]=max(Ns - Ngaa - Nes - Nm/0) .~ ThiS represents the
number of unused slots in a map. In the backlogged case, the Dy requestpelay MUSE consider three subcases

depending on if the contention request gets sent during the current MAP, during the next MAP, or during
a future MAP. We formulate the probabilities of being in each subcase.

Case a. If the selected contention slot is in the current MAP mapTime;

2 The actual range is 2backeffRange bt for simplicity we use backoffRange. This parameter specifies the maximum number of
backoff contention slots the CM must count before attempting a contention request.
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pa =1 if backoffRange < N¢g

Nes if backoffRange > Ng

Pa = backoffRange

Case b. If the contention slot is in the next MAP (mapTime;)

pp =0 if backoffRange < N

pp = min backoffRange — Nes —Nes if backoffRange > N
backoffRange backoffRange

Case c. If the selected contention slot falls in a MAP at least 2 MAP times in the future (mapTime;,;Or

later)

backoffRange — 2N 0}

=max
Pe backoffRange

The expected delay from when the data transmission terminates until when the request is sent includes
the weighted delays for each subcase.

E[Dtotal Re questDelay] = Pa lN ms + E[DcsBackoff ]J+
E[DcsBackoff ]H .

pb{Nms + Nes + Ny + Nppg + N — rem[
cs

E[D,
p{NmS +Ngs + Ny + { roor[—baCkOﬁRange H* Ns + Npns + Ngs — rem[—[ CsBackoff ]ﬂ
CS CcSs
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Figure 4. Backlogged grant delay

Figure 4 illustrates the additional components of delay once the contention request is sent. We define the
variable by, to represent the delay from when the CM transmits the request until it begins transmitting

the data frame. To help illustrate the impact of the propagation delay we show that the CM’s view of the
TDMA frame timing (labeled CM Time) must be properly adjusted for propagation delay. For example,
the CMTS receives a contention request from a CM at time t,. In order for the CM’s request to arrive at

the CMTS at time ¢, the CM must transmit at it’s local time . The time difference - reflects the
propagation delay between the CM and the CMTS.

The expected value of by, consists of four delay components (all defined in units of slot times):
E[Dgrant] = DRre questtransit + E[DcmTsmapalignment] + Dschedule + Dmaptransit + DcMMapAlignment

®  Drequestiransic - REPresents the transmission and propagation time experienced by the contention request.
A bandwidth request frame fits in one slot which leads t0  Dge guesttransit =tstot +tprop -

®  Dcwrsmapatignment - REPresents the number of slots from when the CMTS receives a request from a CM

until the beginning of the next MAP. The value depends on if the contention request arrives during a
MAP in which a data packet from the CM arrived (as in Figure 4) or it the CMs backoff value caused it
to send the request in a subsequent MAP time. For the former case, the expected value is
DcmTsmapalignment = Nes/2+ Ny (1.€., N, IS the number of unused slots in a MAP time when an upstream

transmission occurs). For the latter case, the value iS  Deyrsmapatignment = Nes/2+ Ny + Ng —(Ngs /2+ Nppgr) .~ THE

first case occurs with probability p=min[L,1] . Therefore,
backoffRange



E[Dcmrsmapalignment] = P(Nes /2+ Ny) + (L= p)(Ngs /24 Ny + Ng = (Ngs /2 + Nipgy))

® Dyneaue . REPresents waiting time experienced by the request at the CMTS caused by scheduling

delays. This delay will be a number of slots times that are integral multiples of the number of slots in a
MAP. In other words, the granularity of the scheduling delays at the CMTS are in units of MAP times.
For the analysis presented in this paper we assume that this delay is 0.

®  Dyapransit - REPresents the transmission and propagation time (in slots) experienced by the MAP

message in the downstream direction.
®  Doumapatignment - REPresents the number of slots from when the MAP message arrives at the CM until the

grant' ThIS WI” be DCMMapAIignment =Ng - DMaptransit

We define 14, to represent the transmission and propagation delay of the data frame in the upstream

direction. We assume that the grant is large enough to fit the data in a single frame (i.e., no
fragmentation). We define B.qeq as the total number of user data bytes delivered per data frame,

Boverhead @S the total number of bytes of overhead associated with each frame and 8. as the number of
bytes that fit in each slot. Ny, the total number of slots consumed by the data transmission, is defined
as:

Brequest + Boverhead
Ndata = B—
perslot

The amount of time to send the frame from the CM to the CMTS is:
Tdata =tslot * Ndata + tprop
The total amount of time required to send the packet is:

TtotaIAccessDeIay = trequest +Tdata

ttotaIAccessDeIay = E[Diotal Re questDeIay] *tslot + Tdata + Dgrant *tslot

The maximum upstream throughput is:

Brequest

T =
s trequest

Figure 5a and 5b illustrates the results of the analytic model and the simulation model respectively. The
simulated network is illustrated in Figure 6. Only 1 FTP flow is active between CM-1 and the server S-
1. No loss occurs and the upstream transmission queue at CM-1 is always filled with data ready to be
sent upstream. We performed 9 runs varying the MAP time parameter from a value of .001 seconds to a
maximum value of .012 seconds . Figure 5a was configured with a starting backoff range of 8 slots.
This was increased to 64 slots for the experiments illustrated in Figure 5b. The analytic model accurately
matches the simulation results in both cases. The results show that increasing the backoff range reduces
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throughput. This is because it increases the access delay. The advantage of this parameter is apparent
when the system becomes heavily congested.

x 10° TCP throughput vs MAP Time x 10° TCP throughput vs MAP Time
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Figure 6. Simulation network model and parameters

The simulation model supports a variable number of contention slots each MAP by allocating unused
slots for contention requests. The analytic model becomes less complicted in this case. The number of

10



contention slots increases by the number of unused slots in a MAP. We define a modified N,
Nes=Ngs + Ny Where N, =max(Ng - Ngaa — Nes — Nms,0) . IN this case, there are only two subcases: either the
selected contention slot falls in the current MAP or it falls in a future MAP.

pa =1 if backoffRange < N(':s

NCS

= if backoffRange > Nés
backoffRange

Pa

E[Drotal Re questDeIay] = palN ms + E[DcsBackoff ]J+

E[Dcspackoff ]
(1~ Pa)| E[DcsBakoff 1+ (ﬂoo{N—;” +DNs

S ms

The computation of by, IS the same as in the previous case with the exception of beyrsmapatignment -

There still are two cases to consider, the probability of each is p- min[LJ] .
backoffRange

E[Dcmrsmapalignment]= P(Ns — Ng = Npps — E[Desgackoff 1) + (L — P)(Ns — (E[Dcsgackoff 1— Nes))

Figure 7a illustrates the results of the both the analytic and simulation models when unused slots are
allocated for contention requests. The starting backoff delay range was 64 slots. Figure 7b is the
identical experiment except piggybacking is enabled. ~As mentioned earlier, DOCSIS provides two
mechanisms to avoid contention: piggybacking and concatenation. We have shown that a backlogged
CM will send every other MAP time with or without piggybacking as long as the backoff range does not
exceed the number of contention slots available each MAP time. However, as the backoff range is
increased beyond the number of contention slots the CM will experience multiple MAP delays inbetween
transmissions. Piggybacking allows the CM to send every other MAP independent of the backoff range.
Our analytic model captures this effect by Setting Dyl re questpelaya 3N Dyransit 10 0. Figure 7b shows that, as

expected, piggybacking can increase upstream throughput. The performance improvements attributed to
piggybacking (and concatenation) are more significant in different traffic scenarios when many small
packets are sent upstream (i.e., like TCP Ack packets). The analytic model can account for concatenation
by increasing the amount of data transferred each cycle (i.€., Bequest ). FOr brevity, we do not show these

results.
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D. LIVE NETWORK MODEL VALIDATION

To further validate the model, we compare simulation results with observations from a live cable
network. We conducted experiments using a simple UDP echo application between a Linux machine (the
client) located on the campus of Clemson and a second Linux machine (the server) located in a
residential network connected to the Internet with Charter’s cable Internet access service. The service
provides 5Mbps downstream rate and 512Kbps rate upstream. The client sends a periodic stream of
small (64 byte) UDP packets to the server that echoes the packets back. We obtain a tcpdump trace at
both the client and the server.

Figure 8a through 8d visualizes both one-way streams at the respective send and receive sides. The client
sends a packet every 2 milliseconds. The figures plot the distribution of the interpacket departure (or
arrival) times. Figure 8a shows that at least 97% of the interpacket departure times are within 200
microseconds (the bin size) of their expected value. For the purposes of this experiment, the send time
accuracy is sufficient.  Figure 8b shows that packets traveling over the path were subject to both
compression and delay. Figure 8c shows minor additional distortion caused by processing overhead at the
Linux server. Figure 8d shows the impact of DOCSIS on the upstream UDP flow. The bandwidth
consumed by in the upstream path is roughly 275Kbps (accounting for headers) which would not
overwhelm the upstream channel. We confirm this by verifying that minimal loss occurs.  Based on
Figure 8d we conjecture that the DOCSIS network uses a MAP time of 2 milliseconds. The mode of
.004 seconds represents the two MAP times that are required to send upstream data (even if piggybacking
is used). The large mode at O seconds indicates that roughly 50% of the echo packets are being sent two
at a time in a concatenated frame.  Concatenated packets arrive at the client separated by the
transmission time of the bottleneck link over the path between the client and the CMTS (which we
estimate to be 45Mbps).
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Figure 9a and 9b illustrates comparable simulation results. We configured the CM-1 node (refer to
Figure 6) with a CBR traffic source that sends a 64 byte packet every .002 seconds. To model the
observed randomness associated with UDP echo packets that arrive at the CM for upstream transmission
(i.e., Figure 8c), we add an artificial jitter based on a normal distribution with a mean of 0 and a standard
deviation of .0001. Figure 9a plots the interpacket departure time distribution from the CBR source and
Figure 9b plots the interpacket arrival distribution at the UDP sink (S-1). Comparing Figure 9a with
Figure 8c suggests that a normal distribution is correct although we could use a larger spread. Comparing
Figure 9b to with Figure 8d confirms that the Charter network uses a MAP time of .002 seconds and that
concatenation is common.

We next subject the server in the live cable network to a stream of periodic UDP packets sent every
Smilliseconds. Figure 10a through 10d shows the four packet arrival and departure time distributions.
Figure 10d again suggests the network is configured with a MAP time setting of .002 as some number of
UDP packets are sent .002 milliseconds after the main mode of .004 seconds. Figure 11a and 11b show
the results of a comparable simulation run. The CBR source is configured to add an artificial jitter based
on a normal distribution with a mean of 0 and a standard deviation of .0005. To accurately model the
randomness associated with Figure 10d we turned on 200 competing CMs that generated realistic
amounts of Web traffic. Comparing Figures 11a with 10c suggest that the simulator accurately models
the arrival process of packets sent from the echo server to the CM. Comparing Figure 11b with 10d
shows that the simulation model behaves in a reasonable manner. Without adding the additional CM
traffic the spread around the modes in Figure 11b was not visible with a 200 microsecond bin size. To
determine if the live network is using piggybacking we repeated the simulation associated with Figures
11a and 11b but we disabled piggybacking. In Figure 11b we see roughly 4% of packet interarrival times
were back-to-back implying a small amount of concatonation was occurring. When we repeat the
experiment without piggybacking we saw the level of concatonation grow much larger (17%). From this
experiment we conclude that if piggybacking were not used in the live network, we would see a
significant level of concatonation. Since we do not see evidence of concatonation in Figure 10d we
conclude that piggybacking was used.
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E. PERFORMANCE EVALUATION

For the analysis presented in this section, we rely on the simulation model illustrated in Figure 6. Up to
‘n’ cable modems (CMs) generate upstream web requests to one or more servers (S-x nodes). Figure 6
describes the DOCSIS configuration and the web traffic model parameters. The web traffic model, which
is based on the model described in [13], is designed so that each CM generates traffic that is similar to
that produced by a broadband access subscriber. In addition to web traffic, we configure 5% of the CMs
to generate downstream low speed UDP streaming traffic (i.e., a 56Kbps audio stream), 2% of the CMs
to generate downstream high speed UDP streaming traffic (i.e., a 300Kbps video stream) and 5% of the
CMs to generate downstream P2P traffic. The P2P model (based on [14]) incorporates an exponential
on/off TCP traffic generator that periodically downloads on average 4Mbytes of data with an average
idle time of 5 seconds between each download.  We also have a VVoIP flow run between CM-1 and S-1.
We model this flow using a 56Kbps CBR generator bound to a UDP sending agent located on CM-1. We
performed the experiments twice: first by assigning the VolP traffic to a UGS flow and second by
classifying the VVolIP stream as a best effort flow.

We define an experiment to consist of 5 simulation runs with each run configured with a larger number
of CMs (i.e., 100 to 500). We perform 6 experiments with each experiment configured with a different
MAP time setting (.001 to .01 seconds). We collect a set of statistics including the collision rate, channel
utilizations, and CBR statistics (loss, latency and jitter) for each run.
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Figure 12. Upstream collision rates

In previous results [6] we found that the collision rate approached 70% as the load increases. The
experiments described in this section are based on our most recent model which differs from our prior
studies in two significant ways: 1)it allocates unused slots for contention requests; 2)the number of IP
packets allowed in a concatenated frame is no longer limited to two. The results displayed in Figures 12
through 14 are based on the model parameters described in Figure 7 except that concatenation is
disabled.  Figure 12 shows that collision rates range from 2% to 37%. Allocating unused slots for
contention requests signficantly improves performance from our previous study [6]. The collision rates
were lowest for smaller MAP times. This is primarily because as the system gets busy the number of
unused slots gets smaller. In the worst case, a MAP time will provide the minimum number of
contention request slots (12 in the example) but the absolute number of contention request opportunities
(i.e., the bandwidth allocated for contention requests) is greater for small MAP times. Figures 13 and 14
however shows that the MAP time has little impact on channel utilizations. Concatenation was disabled,
however piggybacking was highly effective. 50%-90% of all packets sent upstream used a piggyback
bandwidth request. We reran the experiments with concatenation enabled and saw similar results with
the exception that extreme levels of TCP ACK compression occurred. However, since all nodes in the
simulator were configured with adequate buffers, performance was not impacted by the compression.
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Figure 14a illustrates the jitter associated with the simulated VolIP flow when mapped to a best effort
service flow. For a reasonable MAP time setting of .002 seconds, the jitter ranged from 1 to 10
milliseconds. The associated end-to-end one-way delay ranged from 10 to 20 milliseconds. The loss rate
experienced by the CBR flow never exceeded .35%. These results suggest that even a loaded DOCSIS
network might not severely impact the perceived quality of a best effort VVoIP call. This result is very
limited however as there are many factors that could lead to poor call quality. Different subscriber traffic
characteristics could substantially deteriorate network performance. Further, if the subscriber is
generating other upstream traffic and the VVolP router does not isolate voice traffic from best effort traffic
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then latency and loss are likely to significantly increase. Figure 14b shows the results of the experiments
when the VoIP session is mapped to a UGS flow. The jitter never exceeded 3 milliseconds, the one-way
delay was less than 12 milliseconds and the loss rates were negligible.

F. CONCLUSIONS AND FUTURE WORK
We have presented the design and validation of an ‘ns’ DOCSIS simulation model. With analytic
analysis and with analysis based on live cable network experiments, we have provided evidence that the
simulation model behaves reasonably. To demonstrate the model, we examined the performance of a
realistic scenario involving Web, P2P and VolIP traffic. In addition to providing insight into the behavior
of a DOCSIS system, our performance analysis showed that a best effort VoIP flow can perform
reasonably well even when subject to a significant amount of competing network traffic.

Our analytic modeling was limited to single flow scenarios. In the future we will consider the
performance of a DOCSIS system subject to competing flows of a specified traffic intensity. Developing
an accurate DOCSIS simulation model is the first step in this research project. The overall objective is to
explore next generation cable network systems. Vendors are proposing DOCSIS enhancements that will
drastically increase data rates. More complex modulation schemes, larger bandwidth allocations and
upstream channel bonding will increase data rates to 200Mbps. The DOCSIS MAC protocol, however,
will experience scaling issues as the data rates increase. We showed that upstream TCP throughput is
limited to less than 3Mbps regardless of provisioned service rates. While future, higher capacity systems
will be able to support more users sharing the channel, upstream packet rate limitations will make it
difficult for DOCSIS networks to support a small number of high bandwidth applications (e.g., IPTV). To
address this we are exploring a predictive data grant service that can efficiently support next generation
broadband applications.
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