IEICE TRANS. FUNDAMENTALS, VOL.E89–A, NO.8 AUGUST 2006

2119

PAPER

Special Section on Papers Selected from the 20th Symposium on Signal Processing

QoS Estimation Method for JPEG 2000 Coded Image at RTP Layer
Kiyoshi NISHIKAWA†a) , Member, Shinichi NAGAWARA††b) , Student Member, and Hitoshi KIYA†c) , Member

SUMMARY
In this paper, we propose a novel QoS (Quality of Service)
estimation scheme for JPEG 2000 coded image at RTP (realtime transfer
protocol) layer without decoding the image. QoS of streaming video is
estimated in view of several points, such as, transmission delay, or quality
of received images. In this paper, we evaluate the QoS in terms of quality
of received images. Generally, RTP is carried on top of UDP, and hence,
quality of transmitted images could be degraded due to packet loss. To
estimate the quality of received JPEG 2000 coded image without decoding,
we use RTP header extension in order to send additional information to
the receiver. The eﬀectiveness of the proposed method is confirmed by the
computer simulations.
key words: motion JPEG2000, QoS control, RTP

1.

Introduction

In this paper, we consider the QoS (quality of service) estimation of JPEG 2000 [1] coded image transmission based
on RTP (realtime transfer protocol). We propose a method
for estimating the QoS (Quality of Service) of the image
which is degraded due to the packet loss. The advantage of
the proposed method is that it does not require the decoding
of the image nor the original image.
Streaming systems, such as video streaming, TV conference, on the Internet demands high quality transmission
of motion pictures. For those demanding, one of possible
solution is to construct a system based on the Motion JPEG
2000 standard [2], a standard for motion pictures based on
JPEG 2000 still image coding [1]. The JPEG 2000 standard provides attractive features, i.e., scalable structure of
the code stream, region of interests (ROI), error resilience
tools (ERT), and so forth. The proposed method rely on the
structure of JPEG 2000 code stream.
RTP [3] is one of the TCP/IP protocol suite for transmitting speech or video streaming. In general, RTP is constructed using UDP (user datagram protocol) as the transport
protocol for enabling the low delay transmission. On the
other hand, because of using UDP, RTP is not a connectionoriented protocol so that there are no guarantee on the transmission of every packets. In other words, some packet could
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be lost during the transmission. Therefore, applications using RTP should care the negative eﬀects of packet loss.
Hence, it is important to know the quality of transmission,
or QoS. The QoS of steaming media, such as motion pictures, is evaluated in several view points, i.e., transmission
delay, image quality, and so on [4]. In this paper, we evaluate the QoS of JPEG 2000 image transmission over the Internet by the quality of the received image, namely in terms
of peak signal to noise ratio (PSNR) between the original
JPEG 2000 encoded image and the received one.
In order to know the exact PSNR, following two steps
are required: (1) decoding of the received image, and (2)
comparison with the original image. At the receiver side,
there are no information on the original image so that the
comparison cannot be executed. Moreover, this approach
loses the information in the network layer, i.e., the number
of lost packets, sequential number of the lost packet and so
forth. Without these information, it would be impossible to
request the server to retransmit the lost packet. Hence, if
there are enough time to wait the packets to be retransmitted
we could not send the request to the server.
In this paper, we propose a method to estimate the image quality by sending additional information at the RTP
layer. The advantages of the proposed method are that (i)
decoding of the received image is not required, and (ii) it
provides an estimation of PSNR without the original JPEG
2000 coded image. The proposed method utilizes the structure of JPEG 2000 code stream. In JPEG 2000 coding systems, images are first applied to the discrete wavelet transform (DWT) and then processed after divided in parts by
the unit called code block. Code blocks are encoded independently from each other so that we can process each
code block independently. Thanks to this structure, when
bit errors are detected in a code block then the errors can be
concealed in the code block. For that purpose, JPEG 2000
standard defines the error resilience tools (ERT). However,
even if we use the ERT, PSNR cannot be calculated without
the original image.
In the proposed method, we use the RTP header extension for sending additional information in order to estimate
the image quality without decoding and the original image.
We utilize the information from the RTP header, namely, to
locate the lost data due to the packet loss, and to send the
information of the original image required to estimate the
image quality in terms of PSNR. We are considering to apply the proposed method to the applications, such as image
authentication [5], or conference systems in which we re-
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ject images which do not reach the predefined desired image
quality.
We should note that the proposed method could be regarded as a special case of ‘no reference’ (NR) scheme to
estimate the PSNR of JPEG 2000 images. Some NR methods have been proposed so far [6]–[13] for MPEG, JPEG,
or JPEG 2000 coded images. The proposed method diﬀers
from those NR methods in the following points. The conventional NR methods estimate the degradation of the image quality due to the image compression such as JPEG, or
JPEG 2000. On the other hand, the proposed method estimates the degradation of a JPEG 2000 coded image due to
the data loss because of RTP transmission. References [6]–
[8] propose to use natural scene statistics (NSS) for quality assessment without the information of the natural (nocompressed) images. However, it is hard to construct a statistical model that describes the eﬀect of packet loss on the
image quality and hence, we could not directly apply those
NR methods to our problem described above. On the other
hand, we send the information extracted from the original
JPEG 2000 image using the RTP header extension, and the
receiver uses those information to estimate the degradation
of image quality due to the packet loss. Hence, we might
say that the proposed method is not a pure NR scheme but a
special case of it.
This paper is organized as follows. In Sect. 2, we
briefly review the structure of JPEG 2000 code stream and
the RTP header extension. Then, the proposed method is
described in Sect. 3. Section 4 provides results of computer
simulation using the proposed method to show its validity.
2.

Overview of JPEG 2000 and RTP Header Extension

is obtained by applying high pass filtering horizontally then
applying lowpass filtering vertically at the first decomposition level. Wavelet coeﬃcients obtained after the DWT will
be divided into code blocks. A code block is the unit for
coding the wavelet coeﬃcients.
Each code block will be coded a bit plane at a time
from the most significant bit (MSB) to the least significant
bit (LSB). Wavelet coeﬃcients in each bit plane are coded
in one of the following three coding passes,
• significance propagation (SP) pass
• magnitude refinement (MR) pass
• clean up (CU) pass
and then applied to the arithmetic encoder (Fig. 2).
We should note that each coding pass will be encoded
with dependency on its corresponding pass of the upper bit
planes. Hence, for decoding a coding pass in a bit plane,
data in the upper bit planes are required to decode correctly.
Encoded code blocks are divided into JPEG 2000 packets according to the display level. Each JPEG 2000 packet
consists of packet header and body. The packet header contains the information required to decode the data included in
its body part which contains a part of the encoded data.
In Fig. 3, we show an example of a JPEG 2000 code
stream. The stream starts with the JPEG2000 main header
which contains meta information of the image, and it ends
with the end of code stream (EOC) mark.
2.2 Error Resilience Tool
In the JPEG 2000 standard, error resilience tools (ERT) are

Here, we will give an overview of the structure of JPEG
2000 images and of RTP header extension.
2.1 JPEG 2000 Coding
In Fig. 1, we show a coding scheme of JPEG 2000. Firstly,
an original image is divided into subbands using the discrete
wavelet transform (DWT). In the figure, each subband is expressed using a combination of a number and two letters
like, ‘1HL,’ or ‘2LH’: The number shows the decomposition level of DWT, and the following letters shows the horizontal and vertical bands, i.e., ‘1HL’ means that the band

Fig. 1

Division into code blocks based on the wavelet transform.

Fig. 2

Fig. 3

Three coding passes for each bit plane.

Structure of code stream of JPEG 2000 coded image.
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defined [1], [14] and using the ERT we can detect and conceal bit errors in the code stream. We show some symbols
and markers defined in ERT [1] which are related to the proposed method:
• Segmentation symbols
For detecting bit errors in a bit plane at the decoder.
• Predictable termination (Predictable)
For detecting bit errors at the arithmetic decoder.
• Termination of the arithmetic coder for each pass
(Termination)
To terminate a coding pass at the arithmetic coder.
• SOP (Start Of Packet)
For finding the start of a JPEG 2000 packet to resynchronize in case of some bits are missing.
• EPH (End Of Packet Header)
For finding the end of the JPEG 2000 packet header to
detect errors in the header.
If a bit error occurs in code stream in a pass of a code
block, the bits after the erroneous bit can not be decoded
correctly, and hence, the quality of the image degrades. By
using ‘Termination’ and ‘Predictable’ markers of ERT, we
can detect the coding pass that cannot be decoded correctly
[15]. When we detect a bit error in a code block, then we
can delete the coding passes which depend on the erroneous
data for avoiding the propagation of errors. We should note
that the value of coeﬃcients, which are in the bit plane of
the deleted code blocks, will be set to 0 after the processing
of the ERT.
2.3 MSE Due to Bit Errors
In this paper, we propose a method to estimate the MSE
in the spatial domain using the information on the errors
in DWT domain that are caused by the packet loss in the
transmission.
Let us assume that bit errors occur in the subband b
(one of LL, HL, LH, or HH) at the decomposition level r.
The MSE in the spatial domain εsp due to the errors in the
DWT domain can be expressed [16] as
⎛
⎞
ν(r) ⎜
Nr 

2 ⎟⎟⎟
⎜⎜⎜ 2
1

⎜⎜Wb ×
Er,b (x, y) − Wr,b (x, y) ⎟⎟⎟⎠
εsp =
S r=1 b=1 ⎝ r,b x,y
(1)
where we used the following variables
r
: decomposition level
b
: subband (one of LL, LH, HL, or HH)
Wr,b (x, y) : DWT coeﬃcient of original image
Er,b (x, y) : DWT coeﬃcient of image with errors
S
: The size of the image [pixel]
: The total number of r
Nr
ν(r)
: Number of subband at r
and Wb shows the wighting coeﬃcients determined by the
filter coeﬃcients used for DWT. In Table 1, we show the
values of Wb when Daubechies 9/7 filter, one of the default

Table 1
Level
5
4
3
2
1

Table 2
Level
5
4
3
2
1

Weighting coeﬃcients. (9/7 filter)
LL
40.74
19.62
9.409
4.447
2.047

HL
20.29
9.733
4.604
2.121
1.032

LH
20.29
9.733
4.604
2.121
1.032

HH
10.11
4.828
2.253
1.012
0.5202

Weighting coeﬃcients. (5/3 filter)
LL
21.34
10.69
5.375
2.750
1.50

Fig. 4

HL
11.34
5.703
2.920
1.592
1.038

LH
11.34
5.703
2.920
1.592
1.038

HH
6.02
3.043
1.586
0.922
0.719

Structure of RTP header.

filters in the JPEG2000 lossy compression standard, is used.
Also, the values of Wb for 5/3 filter are shown in Table 2.
We note that Eq. (1) can be used to estimate the MSE regardless of the filters used to implement the DWT, or the number
of layers.
Using the values in Tables 1 and 2 with Eq. (1), the
MSE can be estimated for the decomposition levels r = 1
through 5.
2.4 RTP Header Extension
Here, we present a review of the network transmission using
RTP and its header extension [3], [17].
When we use RTP, JPEG 2000 code stream of an image is transmitted after they are divided into RTP packets.
An RTP packet consists of header and payload parts. The
header includes an information on both the network related
and the data in the payload, and the payload contains a
chunk of JPEG 2000 code stream.
In Fig. 4, we show the structure of the header of an
RTP packet. Here, we briefly explain the components of
the header that are used in the proposed method. For the
explanation of the excluded components, please refer to
Refes. [3], [17]. At first, ‘Sequence Number’ shows the sequential number of the RTP packet for sending. We can use
this information for sorting received packets and for detecting the lost packets. ‘Time Stamp’ shows the time information that is used for synchronization at playback.
The ‘X’ (eXtensions) flag in the RTP header is for expressing the existence of the header extension. By setting
the flag as ‘1,’ we can extend the RTP header for additional
information [3]. Namely additional information can be in-
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cluded at the end of the header part of the packet. In Fig. 4,
we show the structure of the RTP header when the extension
flag is set. The extended contents are added after the normal
components of the RTP header, and we marked the extended
part by bold lines in the figure.
The extend part starts with ‘Defined by profile’
(16 bits) which is to identify the extension. Then, there
is ‘Length Field’ (16 bits) to indicate the length of the extended part, namely, we can use L × 4 [bytes] for the extension where L shows the contents of the ‘Length Field.’ Note
that the decoder which is not aware of the extension of the
proposed method can skip the extended header by knowing
its length from this field.
The proposed method uses the RTP header extension in
order to transmit additional information to the receiver for
estimating the QoS. The receiver utilize those information
to estimate the quality of decoded images.
3.

Fig. 5

Flowchart of the proposed method.

Proposed Method for QoS Estimation

For calculating the MSE using (1), we need the DWT coeﬃcients of the original image Wr,b (x, y) and the received
image Er,b (x, y). However, Wr,b (x, y) is not available at the
receiver side, and hence, we need a method to approximate
(1) to estimate the image quality. Here, we will describe
the proposed method for estimating the QoS in terms of the
image quality.
3.1 Outline of the Proposed Method
In the proposed method, we assume the following:
• In the received code stream, there are some data loss
due to the packet loss in the network transmission.
• The image is encoded using the ERT with ‘Termination’ and ‘Predictable’ symbols. The proposed method
estimate the PSNR of the image after the application of
the ERT in the decoder.
As noted above, application of the ERT ensures that the
DWT coeﬃcients which corresponding to the lost data will
be set as zero. Because we can assume that only packet
loss can be detected and no bit error could occur at the RTP
and the upper level, decoded DWT coeﬃcients will be either zero or the correct value Wr,b (x, y) in (1). Based on this
property, we propose a method to estimate the image quality
without decoding the image.
In Fig. 5, we show the flowchart of the proposed
method and the each process can be expressed as the following:
1. Packtization: a JPEG 2000 code stream is divided into
RTP packets. (See Sect. 3.2 for detail.)
2. Insert additional information, such as JPEG2000
header, data from code blocks, into the extended part
of the RTP header. (See Sect. 3.3)
3. Send RTP packets.
4. Receive RTP packets.

Fig. 6

Decomposition of JPEG 2000 code stream in RTP packets.

5. Check the lost packets using the ‘Sequence Number’ in
the RTP header.
6. Estimating the QoS from the extended header information of RTP packets. (See Sects. 3.4 and 3.6)
7. Pass the reconstructed code stream to the JPEG2000
decoder.
In the proposed method, we use the header extension
described in Sect. 2.4 for sending additional information.
Those additional information enables the receiver to detect
the lost code blocks or lost coding passes. In addition, we
can know the number of coding passes that will be rejected
by the ERT because of the dependency on the contents of
the lost packets. As a result, we can estimate the MSE in the
spatial domain using the method described in 2.3.
3.2 RTP Packtization [18]
Here, we explain how to divide code stream into RTP packets in the proposed method. In order to detect the location
of lost packets, code stream is segmented according to the
structure of JPEG2000 coded image.
In Fig. 6, we show an example of segmentation of
JPEG2000 code stream into RTP packets. The rule of segmentation is summarized as below.
1. We prepare dedicated RTP packets for sending
JPEG2000 main header, and JPEG2000 packet header
respectively.
2. Data of a code block is segmented using a coding pass
as a unit. If the size of a coding pass is too small to
construct a single RTP packet, then we include several
coding passes into one RTP packet.
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the beginning of the code stream.
3.3 Proposed Extension of RTP Header
In the proposed method, in order to locate the data chunk
that is contained in a lost packet, we extend the RTP header
so that additional information are transmitted. The RTP
payload format for the JPEG 2000 image is being considered [19]–[21] and will be standardized in the near future.
We should note that the proposed method utilizes only the
header extension of RTP, and is independent of the payload
format. However, after the standard will be fixed, it could be
required to reconsider the information sent to the receiver in
the proposed method.
We use three distinct types of additional information,
according to the content of the RTP packet as described in
Sect. 3.2. They are shown in Figs. 7 through 9 and each component has the following values:
• Common components to the three types
– M : one bit
The value ‘1’ indicates that the JPEG 2000 main
header is included in the packet.
– P : one bit
The value ‘1’ indicates that the JPEG 2000 packet
header is included in the packet.
– S: 1 bit
The value ‘1’ indicates the packet contains the
start of a code block.
– E: 1 bit
The value ‘1’ indicates the packet contains the end
of a code block.
– fragment oﬀset:24 bits
Oﬀset of the data contained in the payload from

Fig. 7 Structure of the extended part of RTP header for the packet
containing data of coding passes.

• Items for the packets containing one or more coding
passes
– Code Block: 16 bits
Indicates the number of code blocks included in
the packet.
– Coding Pass: 8 bits
Indicates the number of coding passes included in
the packet.
– Total Pass: 8 bits
Indicates the total number of coding passes in the
code block.
• Items for the packet containing the JPEG2000 main
header
– Total A: 32 bits
A parameter used for estimating the MSE. A detailed explanation would be given in Sect. 3.5.
• Items for the packets containing the JPEG 2000 packet
header
– B: 1 bit
Set as ‘1’ if the JPEG 2000 packet header contains
the information of subbands HL, LH, and HH. Set
as ‘0’ if it contains those of subband LL.
– JP2 Packet No: 8 bits
Indicates the sequential number of the JPEG 2000
packet header included in the packet.
– ALL , AHL , ALH , AHH : 16 bits each
Parameters used for estimating the MSE. A detailed explanation would be given in Sect. 3.5.
When ‘B’ is set as ‘0’ then only ‘ALL ’ is used.
When ‘B’ is set as ‘1’ then ‘AHL ,’ ‘ALH ,’ ‘AHH ’
are used.
Using these information, we can know the lost portion of
code stream if packet losses occur. Namely, if nth packet
is lost, we can get the detailed information from the RTP
packet headers of n−1st and n+1st packets. Those obtained
information includes the location of the lost code blocks or
number of coding passes that can be decoded.
3.4 Proposed Estimation Method of MSE

Fig. 8 Structure of the extended part of RTP header for the packet
containing JPEG 2000 main header.

Fig. 9 Structure of the extended part of RTP header for the packet
containing JPEG 2000 packet headers.

In the proposed method, we calculate the errors in DWT domain using the additional information in the extended RTP
header.
The MSE εsp of the received image is estimated based
on (1) using the information sent by extended RTP headers. In Eq. (1), we should recall that Er,b (x, y) is either 0 or
Wr,b (x, y) when we consider the transmission in the Internet. With considering this fact, we propose the following
formula for obtaining the estimated MSE ε̃sp :

IEICE TRANS. FUNDAMENTALS, VOL.E89–A, NO.8 AUGUST 2006

2124

1
ε̃sp =
S

⎧ N ν(r)
r
⎪
⎪
⎨ 
A(r, b)
⎪
⎪
⎩
r=1 b=1

−

⎫
Ncb (r)
⎪
⎪
1 
⎬
A(r, b)
σ(icb )⎪
⎪
⎭
N
(r)
cb
i =1
b=1

ν(r)
Nr 

r=1

(2)

ALL = γr,LL × Wb2r,LL

cb

where Nr , ν(r) and icb show the decomposition level, number of code blocks in a subband, and i-th code block respectively. Further, A(r, b) and σ(icb ) is given as

Wr,b (x, y)2
A(r, b) = Wb2r,b ×
x,y

=

× γr,b
⎧
Ndec (icb )
1−0.5
⎪
⎪
⎨ 1−0.5Ncp(icb ) Ndec (icb )  0
σ(icb ) = ⎪
⎪
⎩0
Ndec (icb ) = 0
Wb2r,b

where γr,b is given as

γr,b =
Wr,b (x, y)2

(3)
(4)

(5)

x,y

and the values of γr,b depends on the DWT coeﬃcients of
the processed image. Note that σ(icb ) shows the contribution of the code block to the quality of the received image.
Similarly, A(r, b) shows the contribution of the subband to
the image quality.
The variables used in (4) are as follows
: the sum of squared DWT coeﬃcients of
γr,b
b-th subband of the r-th decomposition level
Ndec (icb ) : number of coding passes in code block icb
that can be correctly decoded
Ncp (icb ) : number of coding passes in code block icb .
In order to estimate the MSE of a decoded image using
(2), we need the values of S , Nr , Nb (r), Ncb (r), Ndec (icb ),
A(r, b), and Ncp (icb ). Of these, we can obtain S , Nr , Nb (r),
and Ncb (r) form the JPEG2000 main header.
On the other hand, Ncp (icb ) is known from ‘Total Pass’
in the extended header information (See Fig. 7). We can,
then, calculate Ndec (icb ) from ‘coding pass’ , ‘S,’ and ‘E’ in
the extended RTP header. If there are no lost portion in the
data of the icb -th code block, we set Ndec (icb ) = Ncp (icb ).
3.5 Estimation of A(r, b)
For calculating ε̃sp using Eq. (2), the values of A(r, b) are
required, and they are calculated using DWT coeﬃcients.
In the proposed method, we send those information using
the extended RTP header. Namely, we use ‘Total A,’ ‘ALL ,’
‘AHL ,’ ‘‘ALH ’ and ‘AHH ’ in the header for this purpose.
The sender set the values of ‘Total A,’ ‘ALL ,’ ‘AHL ,’
‘ALH ,’ and ‘AHH ’ according to the following:
• Total A
This value shows the total sum of A(r, b), that is,
AT =

ν(r)
Nr 

r

b

A(r, b)

• ALL
This value shows the sum of squared values of the
DWT coeﬃcients, which are contained in the JPEG
2000 packet, multiplied by Wbr,LL , that is,

where r shows the decomposition level of the JPEG
2000 packet. This value is calculated when ‘B’ is set
as 0.
• AHL
Calculated using the coeﬃcients of HL subband as
AHL = γr,HL × Wb2r,HL
for r-th decomposition level of the JPEG 2000 packet.
This value is calculated when ‘B’ is set as 1.
• ALH
Calculated using the coeﬃcients of LH subband as
ALH = γr,LH × Wb2r,LH
for r-th decomposition level of the JPEG 2000 packet.
This value is calculated when ‘B’ is set as 1.
• AHH
Calculated using the coeﬃcients of HH subband as
AHH = γr,HH × Wb2r,HH
for r-th decomposition level of the JPEG 2000 packet.
This value is calculated when ‘B’ is set as 1.
Note that the values of Ab become real values. For including
those values into the RTP header, we should express them
in binary format. For that purpose, we convert them into
integer using


Āb = round (216 − 1) × Ab
(6)
where round(·) shows the rounding operation, and then, Āb
are transmitted to the receiver. The receiver converts Āb into
Ab using the inverse operation of Eq. (6). To preserve the
accuracy of Ab we use 16 bits for storing each Āb .
In the proposed method, the sender should obtain these
values before the code stream will be sent using RTP. In
order to obtain the DWT coeﬃcients, it is required to decode
the image, or we should make the JPEG2000 encoder to pass
those information.
3.6 Proposed Algorithm for Calculating ε̃sp
After receiving the RTP packets, the following process will
carried in order to estimate the QoS of the image:
1. Check if the JPEG2000 main header is received.
If the main header was lost during the transmission, we
quit the processing on that image because we cannot
decode without the main header information.
2. If the main header is received, the following processes
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are applied to each JPEG 2000 packet.
a. Check if the JPEG2000 packet header is received.
If the JPEG2000 packet header is lost due to the
network packet loss then skip to the processing of
the next JPEG2000 packet.
b. Calculate the contribution of the code block for
quality of image.
Using (4), we can calculate the contribution σ(icb )
of the code block using the number of coding
passes that can be decoded correctly.
c. By averaging σ(icb ) of all the code blocks in the
JPEG 2000 packet, we get
Cb (r, b) =

Ncb (r)
1 
σ(icb )
Ncb (r) i =1

4.

and which can be considered as the contribution to
the image quality of a received DWT coeﬃcients
of a subband.
d. Calculate A(r, b) × Cb (r, b) and summed up for all
the subband (‘ALL ,’ ‘AHL ,’ ‘ALH ,’ ‘AHH ’) gives
ν(r)


A(r, b)Cb (r, b)

Simulation Using the Proposed Method

(7)

cb

A(r) =

this case, we should say that the proposed method introduces
the network overhead.
However, in general, when UDP is used as the transport layer protocol, the size of a packet is selected to be
much smaller than the minimum MTU on the path to the
destination to prevent the occurrence of packet fragmentation. In this case, we could say that it is rarely happen that
the size of a packet exceeds the MTU even if the length of
the RTP header increases by eight to twelve bytes. Therefore, we consider that the network overhead due to the proposed method can be neglected when the size of each packet
is much smaller than the MTU as is the general case.

(8)

b=1

Here, we show results of simulation using the proposed
method to demonstrate its eﬀectiveness.
4.1 Conditions for Simulations
We implemented the proposed method for transmitting still
images. Three diﬀerent images, namely, Lena, Barbar, Baboon, were transmitted using the proposed method.
The conditions of the simulation are as following:
• Still images: Lena, Barbara, Baboon

and this A(r) can be considered as the contribution
of a JPEG 2000 packet to the image quality.
3. Finally, we can calculate the estimated MSE ε̃sp according to
⎧
⎫
Nr
⎪

⎪
⎪
1⎪
⎨
⎬
ε̃sp = ⎪
−
A(r)
A
.
(9)
⎪
T
⎪
⎩
⎭
S ⎪
r=1

3.7 Consideration of Network Overhead of the Proposed
Method
Here, we consider the overhead on the network traﬃc
caused by the proposed method.
Using the proposed method, the length of each RTP
header increases by eight to twelve bytes (See Figs. 7
through 9). This seems to generate the network overhead.
Let us consider the overhead, which the proposed method
generates, in terms of the number of network packet to transform a JPEG 2000 image.
The Internet is a packet switching network, and hence,
we could say that network load is not aﬀected if the number of transmitted network packet does not increase. Each
network has its maximum size of data to transmit as one network packet, and this unit for transmission is called as MTU
(maximum transmission unit). When the size of a network
packet exceeds the minimum MTU of the network then the
packet will be fragmented into several packets of smaller
size.
If the size of an RTP packet exceeds the MTU due to
the proposed method, then the packet will be fragmented,
and hence, the number of transmitted packets increases. In

–
–
–
–
–
–

Image size: 512 × 512 [pixel]
Number of component: 1
Number of Wavelet decomposition: 5
Number of layer: 1
Code block size: 64 × 64
Used ERT markers: ‘Termination of the arithmetic coder for each pass,’ ‘Predictable termination,’ ‘SOP’

• RTP payload size: 1024 [bytes]
• Packet loss rate: 5%, 10%, 15%
• JPEG 2000 decoder: Kakadu
We used identical coding conditions during the simulations.
Independent thirty trials were done for each image. We calculated peak signal to noise ratio (PSNR)
PS NR = 10 log10

2552
MS E

(10)

from the estimated MSE using the proposed method.
We also calculated the PSNR between the original
JPEG 2000 coded image and the decoded one using ERT
of JPEG 2000 standard. This calculated PSNR was compared with the estimated PSNR using (10) of the proposed
method.
4.2 Results of Simulation
We show the results of simulation using Lena, Barbara, Baboon in Figs. 10, 11, and 12 respectively. In these figures,
the horizontal axis shows the number of trial, and the vertical axis shows the PSNR [dB]. Note that results shown in
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Fig. 10

Fig. 11

Fig. 12

Results of simulation. (Lena)

Fig. 13
10%.

Results of simulation (Lena) when the packet error rate was

Fig. 14
15%.

Results of simulation (Lena) when the packet error rate was

Results of simulation. (Barbara)

Results of simulation. (Baboon)

Figs. 10 through 12 are under the condition that the packet
error rate was 5%.
From Fig. 10, in case of image Lena, we can see that
there is maximum 6 [dB] diﬀerence in PSNRs in 11th, 14th,

21st, and 27th trials. The reason of this diﬀerence is due to
the formula for the estimation in the proposed method. As
can be seen from Eq. (2) we express the contribution of each
subband as Eq. (3). Also we consider the contribution decreases when some code blocks of a subband are lost due to
the packet loss, and the ratio of the decrement is assumed to
be in proportional to the ratio of the number of correctly decoded code blocks to the total number of code blocks. This
assumption gives a good estimation when its contribution to
the image quality is constant over the subband or when the
subband is composed of one code block. However, when
a subband is divided into several code blocks, and its contribution to the image quality varies depending on the code
blocks, we recognize the accuracy of the estimation of the
proposed method is slightly decreased. We can say that the
same tendency can be seen from Figs. 11 and 12.
In order to show the robustness of the proposed method
to the packet error rate, we show the results of simulations
when error rate was set as 10% and 15% in Figs. 13 and
14. Note that the transmitted image was Lena for both
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cases. From these figures, we can confirm that the proposed
method provides a good estimation of PSNR regardless of
the packet error rate.

using the proposed method, frames in succession might similar and hence, we can use the same values for AT and so on
to multiple frames with slight degradation of estimation.

4.3 Consideration on the Eﬀect of the Approximation of
DWT Coeﬃcients

5.

Here, we provide the simulation results for showing the effect of the approximation of the DWT coeﬃcients. Namely,
in this case, the values of ‘Total A,’ ‘ALL ,’ ‘AHL ,’ ‘ALH ,’
‘AHH ’ in the RTP header are those of image ‘Lena’ for processing the images ‘Barbara’ and ‘Baboon.’ The results are
shown in Figs. 15 and 16 for ‘Barbara’ and ‘Baboon’ respectively.
By comparing Figs. 11 and 15, and Figs. 12 and 16,
we could confirm that the estimation errors are increased.
Reason of this degradation is using the DWT coeﬃcients of
other image. However, we can see that we can obtain the
rough estimation of the quality of image even if we use the
DWT coeﬃcients of other images. This result suggest that
we can decrease the amount of information to send to estimate the image quality. That is, if motion pictures are sent

Fig. 15

Results of simulation. (Barbara)

Fig. 16

Results of simulation. (Baboon)

Conclusions

In this paper, we proposed a method for estimating the QoS
of JPEG 2000 coded image before the processing of the decoder. The eﬀectiveness of the proposed method was confirmed by the computer simulations. As a future work, we
will consider applying the proposed method to the multilayered images.
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