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Abstract— This work introduces an algorithm to multiplex
stored MPEG-2 PES streams into one SPTS regardless of the
PES streams type or bitrate. The algorithm is devised to comply
with the MPEG2 standard STD. In order to support all available
levels and profiles, the STD buffer lengths are parametrized and a
maximum output bitrate can be established. To check the validity
of the algorithm, a simulator has been implemented in a high
level functional language. To prove its usefulness, a MPEG-2
PS to TS converter was implemented in C using this algorithm.
The paper focuses on the algorithm description and shows some
results obtained with the simulator.

I. INTRODUCTION

In a video server [1], where different types of multimedia
data are stored in PESs (Packetized Elementary Streams), or
even grouped in single programs in PSs (Program Streams), it
is necessary to combine a set of them into one SPTS (Single
Program Transport Stream) to serve it when a user sends a
request to the server. This SPTS must be compliant with the
STD (System Target Decoder) defined in the MPEG-2 systems
standard [2] in order to avoid buffer overflows or underflows in
later stream operations (such as demultiplexing and decoding
it).

Many studies address the problem of remultiplexing several
input TSs (Transport Streams) into one single MPTS for
applications such as digital TV. Those works face three main
problems: data insertion, PID (Packet Identifier) mapping and
PCR (Program Clock References) correction [3]–[6]. The main
goal of these works is to multiplex a number of inputs so that
they fit in a given output bitrate, possibly transcoding the input
streams to adapt their bitrates [7]. Another common feature is
that they receive the input data in real time in TS form or
directly from the MPEG encoder [8], so they can implement
a scheduling algorithm [9] to multiplex the packets they have
in their input buffers.

When the media is stored and is not in TS format, the
problem needs to be addressed in a different way:

• As long as we do not have PCR information, the problem
of PCR correction turns into PCR generation.

• The only temporal information about input packets is
provided by the PTS (Presentation Time Stamp) and DTS
(Decoding Time Stamp) and the scheduling algorithm
cannot be based on arrival times.

• The output bitrate cannot be based on the input bitrates,
since input bitrate can be much higher (reading from

a disk is faster than reading from a real time stream).
Since we want to be able to remultiplex any PES stream
regardless of its content, output bitrate must be calculated
upon input stream timestamps at the MPEG-2 systems
layer.

This paper is organized as follows. In section II an intro-
duction to the main problems to be solved by the proposed
algorithm is presented. Next, section III describes the different
solutions adopted to tackle each of the enumerated problems
and how those solutions are glued to build the whole algo-
rithm. Then, section IV shows an overview of some results
over a simulator of the algorithm developed in a high level
functional language (Erlang [10]) to fast check the algorithm,
collecting statistics and graphs. Finally section V shows some
conclusions and future research directions.

II. PROBLEM OVERVIEW

A. Time Simulation

The algorithm should return a TS which never overflows nor
underflows the STD defined in the MPEG-2 standard [2]. To
achieve this, we record the status of an hypothetic STD when
multiplexing the inputs. Hence, the PCR values are generated
and, at the same time, we simulate the behaviour of a STD to
ensure the correctness of the generated stream.

Our algorithm works with a given PCR period T and it
simulates the pass of time within each interval [PCRt,PCRt+
T ) according with a calculated bitrate for it. Henceforth, we
will refer to a interval like that as the step t. Since we are
simulating the encoder time and assuming a constant bitrate
for each algorithm step, we can know what the encoder clock
value should be for each output TS packet. Along this paper
we would refer to this value as VPCR (Virtual PCR).

B. Data Insertion

Having the VPCR value, PSI (Programme Specific Infor-
mation) insertion is a straightforward task. The algorithm has
two parameters to specify the PAT (Programme Association
Table) interval (PAT T ) and the PMT (Programme Map
Table) interval (PMT T ). A PAT or a PMT must be written
when the corresponding condition becomes true:

VPCR − VPCRPAT > PAT T (1)

VPCR − VPCRPMT > PMT T (2)
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Fig. 1. Main algorithm modules

Where VPCRPAT is the VPCR value when last PAT was
inserted and VPCRPMT is the VPCR value when last PMT
was inserted.

C. PID Mapping

Since we are going to create a SPTS, PID mapping is a very
easy task. Each input stream will be assigned to a different
PID. All these PIDs are listed in the PMT grouped in one
single program.

D. Packetization

Before multiplexing, PES packets must be cut up and
packetized in TS packets. A TS packet has a length of 188
bytes, 4 of them are reserved for the header and the rest may be
used to carry payload. Since a PES packet can be much longer
than 184 bytes, the packetizer should be able to transform each
PES into a sequence of TS packets.

We separate the packetizing step from the muxer algorithm
itself. The packetizer must assign a Virtual Time Stamp (hence-
forth VTS) to each TS packet, so that the muxer can estimate
the time when that packet is going to be removed from the
STD buffer. The muxer algorithm works with N inputs of TS
packets where each TS packet is labeled with a VTS as shown
in fig. 1.

E. STD Meeting

Each input stream will have an associated STD buffer size.
MPEG-2 standard asserts certain values for video and audio
streams depending on profile and level. We generalise our
algorithm setting a variable called Bi to denote the buffer
size for each input stream i.

When the muxer algorithm outputs a TS packet with data of
an input stream, it should be sure that this packet will not over-
flow the STD buffer. For this purpose, the algorithm records
information about emitted packets for all input streams. This
information is modeled as a list of pairs Li

1:

Li = [{b1,VTS 1}, {b2,VTS 2}, . . . ]
Where bj is the payload length of the TS packet and VTS j

is the VTS for that packet.
At any virtual time VPCR, the system must comply with

the following condition for all input stream i:

Bi ≥
∑

bj |{bj ,VTS j} ∈ Li ∧ VTS j ≥ VPCR (3)

When trying to meet that condition, a problem arises.
Between two PCR values in the generated TS, the bitrate is

1Note that not every TS packet carries 184 bytes of payload. A TS packet
with last data chunk of a PES packet may be filled with stuffing, which does
not enter in the decoding buffer.
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assumed to be constant. This fact is used to work out the
VPCR value for each inserted TS packet. With the VPCR
value, we can test if the insertion of a packet in the output
TS stream will break condition 3 and, in that case we should
avoid the insertion in favour of a packet with data of other
input stream. However, to know the bitrate we need to know
how many packets are going to be inserted and, here, a circular
dependence appears. To solve this, the number of packets that
will be inserted in each PCR to PCR period must be somehow
estimated.

III. ALGORITHM DESCRIPTION

The algorithm works with any number of input streams;
along this paper we will refer the amount of input streams as
I . Next sections describe the strategies used to solve the arisen
problems.

A. Packetization Process

The main packetizer task is to cut up the input PES packets
and to fit them into a sequence of TS packets. This is a task that
requires only to take care of the continuity counter values, the
payload unit start indicator and the needed stuffing for the last
TS packet of a given PES packet. In addition, the packetizer
must assure that any output TS packet is associated with a
VTS value, so that the multiplexing algorithm could work.

A PES packet can carry two different timestamps: PTS and
DTS. For PES packets with timestamp information, that value
is used as VTS, choosing the DTS if present or the PTS in
other case2.

Let TS 0 be the associated timestamp of a given PES packet
PES 0 and let PESn be the first PES packet with timestamp
information just after PES 0. For each PES packet PES j

between them, the VTS value is calculated as follows:

∀j ∈ (0, n),VTS j = TS 0 +
TSn − TS 0∑n−1

k=0 lk

j−1∑
y=0

ly

Where ly is the total length of PESy and TSn is the PTS or
DTS in PESn. Fig. 2 depicts a visual scheme of this formula.

2Because of this, all streams must convey the PES packets in decoding
order.
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B. Virtual Time Management

One algorithm step comprises from the writing of a PCR
packet to the writing of the TS packet just before next PCR
packet. Along one step, the bitrate used to calculate the VPCR
is assumed to be constant, so the operation to keep VPCR up
to date consist in adding 188

bitrate to it after writing each packet3.

C. Bitrate Estimation

1) Goals: When remultiplexing, two main problems must
be avoided: buffer overflows (condition 3) and underflows.
Buffer overflows are avoided by the algorithm by means of
its simulated STD, as we will describe later, and buffer un-
derflows are avoided because the algorithm tries to multiplex
the biggest amount of input TS packets (from the packetizer)
meeting the precalculated bitrate and the STD constrains.
Hence, to avoid buffer underflows a conservative allocation
of bitrate has to be made for each step, understanding conser-
vative as “better more than less”.

2) Output packets calculation: As we explain in section II-
E, it is necessary to estimate the number of TS packets to be
written in each algorithm step. To handle this task and avoid
STD buffer overflows, the algorithm should hold information
about Li for each multiplexed stream.

With the information in Li, we can estimate the number of
packets to be written in each step. Let BD i,t be “the amount
of data that would be stored in the STD buffer at the end of
the step t for the stream i if no more data were inserted”:

BD i,t =
∑

bj |{bj ,VTS j} ∈ Li ∧ VTS j > PCRt + T

At the step t, the algorithm will be able to insert up to
BD i,t payload bytes for the stream i. With this information
and inspecting the input TS packets buffer, we can know how
many packets can be written in this step at most for each
stream. Let P pld

i,t be the maximum number of packets that can
be written for the stream i along the step t.

P pld
i,t = max n

∣∣∣∣∣
n∑
0

ibj ≤ Bi − BD i,t (4)

Where ib0, ib1, . . . , ibn are the payload lengths for the TS
packets in the input buffer for the stream i.

Thus, the algorithm can output at most
∑

i P pld
i,t packets

with payload in the step t; more packets will certainly overflow
the STD buffer.

One additional packet must be written for the PCR time
reference and up to two more packets may be needed if PSI
data must be inserted along this step. Let PPSI

t be the number
of packets with PSI data required for step t. Then, the amount
of packets to be output for the algorithm at step t can be
estimated as follows:

Pt = 1 + PPSI
t +

I∑
i=1

P pld
i,t

3MPEG-2 handles the time in tics of 90 Khz (ignoring PCR extension), so
we manage the bitrate in units of bytes per tic.

Assuming that PAT T ≥ PCR T and PMT T ≥ PCR T
the PPSI

t value is either two if both conditions (1) and (2) will
be true at VPCRt +PCR T , one if only one of them will be
true or zero otherwise.

3) Avoiding NULL packets: As Pt is an upper limit, choos-
ing it as the amount of packets to be output for the step t
ensures that the algorithm does the best it can to avoid buffer
underflows. But this value has an inconvenience: it represents
the amount of packets that can be written at the end of the
step, but it is not assured that a TS packet can be output at
any time along the step. When the algorithm reaches a point
where it cannot output any TS packet, it must output a NULL
packet.

At the simulation stage, we appreciated that using the bare
Pt value will cause an unbearable amount of NULL packets at
the output stream for most of the cases, so a little correction
must be done.

Instead of using all the available STD buffer to work out the
number of packets that can be output along an algorithm step,
a smaller value is used. As a result, the algorithm will try to
keep the STD buffer at certain level. Let B′

i be that value for
each stream i. The algorithm will estimate the bitrate for each
step in order to comply with the following expression instead
of with (3):

B′
i ≥

∑
bj |{bj ,VTS j} ∈ Li ∧ VTS j ≥ vt (5)

However, along the step t it will be able to use the extra
free space Bi − B′

i to insert those packets that would not be
possible to insert if we used the Pt value.

Let be P ′pld
i the same as P pld

i but using B′
i instead of Bi.

The algorithm will use a value P ′
t to work out the bitrate for

the step t.

P ′
t = 1 + PPSI

t +
I∑

i=1

P ′pld
i,t

The value B′
i must be less or equal to Bi so that P ′

t ≤ Pt.
4) Bitrate limitation: Another issue to be taken into account

is the upper limit of the bitrate value. We define a parameter
brmax to avoid unbearable peak values in the bitrate. This
value is specially useful in the first steps of the algorithm when
the STD buffers are empty. At this stage, with the method
explained above, the algorithm will output all the packets
needed to fill the buffers up to their limit B′

i at one only step.
Let br t be the assumed bitrate for the step t, using P ′

t as the
number of packets to output along the step t, the bitrate for
the first algorithm step can be approximated as the next value,
which is not related to the input bitrates but to the number
and type of input streams.

br t ≈
∑I

i=0 B′
i

T

According to the upper bitrate limit, the maximum number
of packets that the algorithm can output in a single step is
calculated as follows:

Pmax =
⌊
brmax × T

188

⌋
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Hence the number of output packets and the bitrate assumed
for the step t are calculated as follows:

Pt = min(Pmax , P ′
t )

br t =
Pt × 188

T

(6)

D. Output Packet Scheduling

Within each step the algorithm should choose the TS packet
to output for each substep. As we have seen, one algorithm
step outputs a precalculated number of packets and advances
the virtual from a value PCRt to PCRt +PCR T , so we can
think that we have an array of Pt slots with a VPCRt,k value
assigned to each of them. For all k = 0, 2, . . . , Pt − 1, VPCR
is calculated as follows:

VPCRt,0 = PCRt

VPCRt,k = VPCRt,k−1 +
188
brt

(7)

Next desired conditions hold:

∀k ∈ [0, Pt − 1] VPCRt,k ∈ [PCRt,PCRt + T )
∀k ∈ [0, Pt − 2] VPCRt,k+1 > VPCRt,k

In addition, VPCR complies with the following condition
which assures that VPCR continuously simulates the time
suggested by the inserted PCR packets:

VPCRt,Pt−1 +
188
brt

= PCRt+1

With this information for any step t and instant k, the
packet scheduler selects an output following the next scheme,
considering that for each input stream i we have a pair
{bi,VTS i} which represents the payload length and VTS for
the next TS packet at the input buffer i.

• If VPCRt,k − VPCRPAT ≥ PAT T then choose to
output the PAT packet.

• Else if VPCRt,k − VPCRPMT ≥ PMT T then choose
to output the PMT packet.

• Else perform two steps, if needed, to choose the most
suitable TS packet to output from the input streams:

1) Construct a set with the values VTS i for those
streams so that inserting the pair {bi,VTS i} in Li

does not break the condition (5), being VPCR =
VPCRt,k, and return the stream with the smallest
VTS value in this set.

2) If the set constructed above were empty, construct
a new one but relaxing to condition (3) and return
the stream with the smallest VTS value in this new
set.

• If both sets were empty then output a NULL packet.

Step 1 in the two-step subselection is not needed to output
a STD compliant stream, but as proved with the simulator in
section IV-B, it is needed to keep the STD buffer fullness near
to B′

i for all input streams.

E. First PCR Value

When the algorithm begins, a suitable value for PCR0 must
be chosen depending on the VTS assigned to the TS packets
at the input buffers. We work out a PCR value so that the
first packet that enters the STD buffer will be ready to be
removed in the moment that all the input buffers are filled up
to their B′

i value. Assuming this PCR origin, the algorithm
generates an output stream at the maximum bitrate until the
STD buffers reach the working level. From this moment, the
algorithm operates at the bitrate dictated by the input streams.

To work out this value, we calculate how many steps are
needed to fill all the STD buffers up to their associated B′

i.
Let V TSmin be the lowest VTS in all the input buffers, if
we calculate first PCR value as shown below, the first inserted
TS packet will be ready to exit the STD buffer when all the
buffers were approximately at its associated working level.

PCR0 = max

(
0,VTSmin −

∑I
i=0 B′

i

brmax

)
(8)

Note that in this equation we are not taking into account
the PCR and PSI packets, nor that the header and stuffing of
the TS packets with payload does not enter the STD buffers.
Normally the input streams total bitrate is much higher than
the bitrate needed for that kind of data so this approximation
is good enough for a wide range of applications.

F. Overall Description

The overall algorithm skeleton is shown below:

1) Calculate first PCR value as explained in (8) and store
it as PCR0. Set VPCRPAT = VPCRPMT = PCR0.

2) Set t = 0.
3) Set k = 0.
4) Work out Pt and br t as explained in (6).
5) Output a PCR packet with VPCRt,0 value.
6) Let stream be the output of the stream selection schedul-

ing algorithm.

a) If stream is PAT, PMT or NULL then write the
required packet. If a PAT or a PMT where written
update VPCRPAT or VPCRPMT to VPCRt,k.

b) If stream is i then write the TS packet from the
input buffer for the stream i, add a pair {b,VTS}
to Li, where b is the payload length of that TS
packet and VTS is its associated VTS.

7) If Pt packets have been written for this step t then set
t = t + 1 and go to 3, else set k = k + 1 and go to 6.

IV. EXPERIMENTAL RESULTS

We used four pairs of video and audio streams with dif-
ferent bitrates and coded with different strategies to generate
the inputs for the experiments shown in this section. We
experimented multiplexing them in different groups and with
different options to ensure that the results comply with the
expected according with the previous sections of this paper. We
set the PCR T to 4500 tics (0,05 seconds) for all examples.
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Fig. 3. Impact of the B′
i buffer usage limitation

A. The Use of B′
i

Running the algorithm over our tests cases with B′
i = Bi

demonstrated that the B′
i mechanism is needed to produce

output streams that do not waste a lot of bitrate with NULL
packets. In fig. 3(a), we show the video buffer fullness when
decoding a test case with two streams (video and audio)
multiplexed with B′

i = Bi. In fig. 3(b), it is depicted the video
buffer fullness when the same test case is multiplexed with
B′

i < Bi. We can see that with a lower level of buffer fullness,
the algorithm can use the Bi−B′

i margin to output that packets
that come in too early in the algorithm step in substitution of
the NULL packet that must be output in the first case.

In these experiments, we found that setting B′
i = 3Bi

4 the
algorithm outputs a NULL packet free stream for all test cases.
The tests with B′

i = Bi output streams with NULL packet
ratios from 4.22 % to 15.29 %.

The NULL packet problem is mitigated, even without the
use of B′

i when more than one video stream are multiplexed.
The audio streams are not useful to solve the scheduling
problems, since the audio buffer is too small and the audio
bitrate is too low, the algorithm rarely can use an audio packet
in substitution of a video packet that can not be output at
certain moment.

B. The Two-step Scheduling Algorithm

In fig. 4, it is depicted how the two-step scheduling algo-
rithm presented in III-D succeed in the task of keeping all
multiplexed stream STD buffers at the B′

i level. If we used a
one-step algorithm based only on the condition (3) one stream
would be able to steal the packet slots reserved for the other
until its maximum STD buffer level is reached.

C. PCR T Value

We were using a fixed PCR T value in all the previous
experiments. The maximum allowed time between PCR refer-
ences asserted in the MPEG standard is 0,1 seconds (i.e. 9000
tics). We checked that our algorithm worked well for values
below this upper limit. Shorter values give more accuracy in
the bitrate estimation but with higher computation overhead
since a search in all input streams must be done for each
step to work P pld

i,t out. A shorter PCR T value means also
a wider wastage of bitrate in PCR packets since we are not
using packets with payload for that purpose.
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Fig. 4. Behaviour of the two-step scheduling algorithm

V. CONCLUSIONS

We developed an algorithm to multiplex multiple input
streams regardless of their payload type or the way they are
delivered to the multiplexor. The algorithm does not need
any external clock reference rather than the input stream
timestamps and it generates the PCR references based on
a simulated STD. To check the algorithm behaviour, we
implemented a simulator and applied it to several test cases.
The results showed that the algorithm outputs a correct TS (in
terms of clock references and timestamps) and the devised
mechanism to control the decoder buffer levels worked as
expected.

Finally, to check the usefulness of our algorithm, we used
it as part of the implementation of a PS to TS converter
implemented in C using our algorithm, where we had to face
with the problem of buffering the input. Some additional work
must be done here and it is proposed as a future research
direction.
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