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An increasing number of computers and workstations will require data 
communications like that of LAN-LAN interconnections. The requirement for high 
end-to-end throughput will be satisfied by B-ISDN, in which the ATM technique is 
the key technology. In B-ISDN, user data is segmented into fixed-length short 
packets (cells) and transferred at very high speed. The greater the amount of user 
data to be transmitted at one time, the more efficient the transmission has to be. 
Efficient error recovery is needed for the higher transmission efficiency as well as 
for a shorter response time, which is also a key data communication requirement. 

This paper describes the functions needed for data communication in B-ISDN and 
classifies the error recovery methods that can be used by the end-to-end protocol 
for data communication. A partial-frame retransmission scheme is proposed and 
its performance is compared to that for selective-frame retransmission from the 
viewpoints of implementation complexity, efficiency, total throughput, and cell-loss 
probability. 

A functional block model for partial-frame retransmission is proposed and it is 
shown that partial-frame retransmission can be implemented with little addition to 
the model for selective-frame retransmission. 

The evaluation results show that partial-frame retransmission can provide higher 
efficiency for a wide variety of parameter values compared with selective-frame 
retransmission. They also show that partial frame retransmission reduces the 
cell-loss rate to less than 10% of that for selective-frame retransmission. In 
particular, when the incoming traffic load is relatively high, the proposed partial
frame retransmission scheme can avoid the congestion that selective-frame 
retransmission allows. 
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1. Introduction 

With the continuing speed of processing capability in personal computers, 
workstations, and servers, conversational data communication between 
computers and distributed processing among processors increases the 
requirements for inter-computer communication. The expansion of the area in 
which computers communicate with each other strengthens the requirements for 
inter-local-area data communication, like LAN-LAN interconnections, as well for 
wide-area data communication, like wide-area networks (WANs). Applications for 
such inter-computer communication include the traditional LAN applications (file 
transfer, remote procedure call, transaction processing, and LAN management 
message exchange), the WAN signaling message exchange, and the large file 
transfer for WAN management and operation, e.g., Telecommunications 
Management Network (TMN[l]). 

Data communication traffic is generally very bursty, with a peak rate as high as 
several Mbps. Typical traffic in a LAN or LAN-LAN-interconnect environment is 
the exchange of control data units for managing and maintaining the network 
configuration. Signaling traffic is the exchange of the relatively short messages 
that occurs for call control (set up, release, etc.). The TMN traffic includes both 
large file exchange and short operational message exchange. The required average 
rate for this kind of traffic may be relatively low since a large file transfer with a 
high peak rate does not often occur. On the other hand, when a typical application 
in such an environment, e.g., file transfer, occurs, the peak rate can be as high as 
the physical medium's speed. 

Data communication is currently handled with leased lines, X.25 services, or 
dedicated networks (in the case of No. 7 signaling). None of these alternatives, 
however, meets the requirement for high speed (bit rate) with efficient 
transmission (cost). 

B-ISDN will provide multimedia communication services for voice, images, motion 
pictures, data, etc. Asynchronous transfer mode (ATM[2][3]), which is based on 
the asynchronous transfer of fixed-size packets (cells) provides a wide range of 
communication rates, as well as variable-rate communication, while providing 
statistical multiplexing capability. Therefore, ATM is expected to be the common 
transfer technique in B-ISDN. ATM-based B-ISDN will provide both high-bit-rate, 
up to hundreds ofMbps, and efficient transmission. 

B-ISDN will initially provide connection-oriented services suitable, for example, for 
LAN-LAN interconnections. In LAN-LAN interconnections there can be many 
types of data communication applications, such as file transfer, transaction 
processing, image referencing, electronic mailing, and computer-aided design. 
However, many problems remain to be solved before such applications can 
economically use B-ISDN's high performance. 

One problem to be solved is the protocol for data communication. Voice, motion 
picture, image, and data communication services require different transfer 
characteristics, but ATM provides only uniform transfer characteristics. Thus, an 
ATM adaptation layer (AAL[4][5]) protocol is needed to adapt the ATM layer 
capability to provide service-specific characteristics. The AAL protocol for data 
communication should provide flow control for high-speed data transmission, error 
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control for error correction, and congestion control to avoid network congestion and 
to prevent user buffer overflow. 

This paper clarifies the requirements for the AAL protocol for high-speed data 
communication in B-ISDN in Section 2. Section 3 shows examples of error 
recovery methods and proposes a partial-frame retransmission method for error 
recovery; a block diagram shows that the proposed method can be implemented 
easily. Section 4 gives the theoretical and simulated evaluation results for the 
current selective-frame retransmission method and the proposed partial-frame 
retransmission method. The results show that the proposed partial-frame 
retransmission method meets the requirements for data communication. Section 
5 summarizes the paper and mentions remaining problems. 

2. Data communication in B-ISDN 

A typical point-to-point B-ISDN data communication model (Fig. 1) has two end 
terminals that communicate by segmenting and reassembling the data units 
(frames) into and from the ATM cells, which have a fixed 53-byte length. 

ATMNetwork 
Frame Frame 

16 ~~~( j ~ I DO 
~ 

Terminal A Cell TerminalB 

Figure 1. B-ISDN data communication model. 

The B-ISDN environment can be characterized by its high-speed linking over 
virtual channels (VCs), by its low to moderate cell-loss rate depending on the 
required multiplexing effect, and by its small to large round-trip delay depending on 
the distance between the source and destination entities. The data communication 
requirements in B-ISDN are high speed, a low end-to-end error rate, high efficiency, 
and a quick response time. To meet these requirements, a simple functional 
configuration, proper flow control, and proper error control are needed. Efficient 
error recovery is especially needed to achieve low overhead and reduce traffic 
volume. 

Two possible protocol stacks for B-ISDN data communication are shown in Fig. 2. 
Combination (1) has a service-specific convergence sublayer (SSCS), which may 
include a service-specific coordination function (SSCF) and a service-specific 
connection-oriented protocol (SSCOP[6]) over an AAL-common part (CP) (types 
3/4 or 5) over the ATM and physical (PHY) layers as shown in Fig.3. Combination 
(2) uses the existing protocol over RFC 1483[7] over the AAL-CP5, ATM, and PHY 
layers. In both cases, the upper layer relies on the underlying transmission 
provided by the AAL, ATM, and PHY layers. 

Figure 3 shows the data communication protocol structure recently standardized 
by the ITU-T. The figure focuses on the internal structure of AAL Types 3/4 and 
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5. In addition to the functions shown for each sublayer, the SSCS provides end-to
end frame error recovery if necessary. 

Upper Layer 

sscs 
(SSCF/SSCOP) 

AAL-CP 
(Type 3/4 or 5) 

ATM 

PRY 

Upper Layer 
(Existing Protocol) 

RFC 1483 

AAL-CP Type 5 

ATM 

PRY 

SSCS: Service Specific 
Convergence Sublayer 

SSCF: Service Specific 
Coordination Function 

SSCOP: Service Specific 
Connection Oriented 
Protocol 

AAL: ATM Adaptation 
Layer 

(1) Combination using (2) Combination using CP: Common Part 
SSCS RFC1483 

Figure 2. Possible protocol stacks for B-ISDN data communication. 

Upper Layers Example functions 

Primitive mapping, retrieval invocation for signalling 

Error control, flow control, link reset, keep alive, retrieval 

CS-PDU validation, buffer allocation (3/4), CRC (5) 

Celk->AAL PDU mapping, CRC (3/4), multiplexing (3/4) 

ATMLayer Cell transfer, header error check, loss priority control 

Physical Layer Bit transfer, synchronous multiplexing (SDH) 

SSCF: Service-Specific Coordination Function 
SSCOP: Service-Specific Connection-Oriented 
Protocol 

ATM: Asynchronous Transfer Mode 
SDH: Synchronous Digital Hierarchy 

SSCS: Service-Specific CS 
CPCS: Common Part CS 
CS: Convergence Sublayer 
SAR: Segmentation and Reassembly Sublayer 
AAL: ATM Adaptation Layer 

CRC: Cyclic redundancy check code and 
associated actions 
(3/4): Function specific to Type 3 I 4 
(5): Function specific to Type 5 

Note: The SSCF and SSCOP sublayers are only defined for the AAL type 5 at 
present. 

Figure 3. Framework of AAL Types 3/4 and 5 for data communication. 

The ATM layer provides cell-level transfer and cell-header error detection. The 
AAL-CP is the AAL-CPCS and AAL-SAR. It provides segmentation and 
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reassembly of the AAL-CP service data unit (SDU) into and from the cell. It also 
provides cell-level error detection; the detection method varies for each AAL type. 
AAL Type 3/4 uses the cyclic redundancy check code (CRC), the cell sequence 
number, the message identifier, the length indicator, and the frame length. AAL 
Type 5 uses both the CRC and the length indicator at the frame level. The AAL 
service-specific part provides frame-level error detection and recovery, as well as 
frame-level flow control. Existing protocols, including TCP[8]/IP[9], XTP[10], 
VMTP[ll], and high-speed data link control procedure (HDLC[12]), provide frame
level flow control and error recovery. 

IfRFC 1483 is used rather than SSCOP, frame-level error recovery can only be 
provided by the existing protocol above the RFC. If additional error recovery 
functions are needed, the existing protocol or RFC 1483 has to be amended to 
provide them. 

Errors in B-ISDN may be classified into those at the bit level, those at the cell 
level, and those at the frame level. Bit-level errors, which may be caused by link 
bit errors, are detected by ATM or AAL-CP error detection. Cell-level errors are 
defined as cell loss due to buffer overflow or cell misinsertion. These errors can be 
detected by AAL-CP as well as by the AAL service-specific part (AAL-SS). They 
can also be detected as frame corruption or frame loss by the AAL-CP and the 
AAL-SS. If the bit error and cell-loss rate are not too high, even if an error occurs, 
the corruption may be restricted to within a part of the corrupted frame. 

Although ATM and AAL-CP provide error detection, end-to-end error correction is 
needed for data communication because ATM cell loss cannot be recovered with 
only error detection. While B-ISDN generally provides a very low cell-loss rate, 
about lQ-9, if the multiplexing gain is large, the utilized cell-loss rate may 
temporarily be higher[13]. In such a case, an efficient error recovery scheme is 
needed that minimizes the total amount of data to be transmitted and re
transmitted and the probability of congestion. 

3. Error recovery schemes 

3.1. Preventive recovery (Forward Error Control: FEC) 

3.1.1. CRC 

(a) Overview 

The cyclic redundancy check code (CRC) detects a variety of bit errors but 
corrects only same of them: it is targeted at bit-level error control. In the sense 
that no retransmission is not required for error recovery, the CRC can be defined 
as a kind of preventive error recovery method. The CRC is generated by 
processing the data according to a specific formula. When the data is received, this 
same formula is applied to the data and the result is compared with the CRC value 
contained in the received data unit. 

(b) Hardware implementation 

Since the CRC only uses simple addition with modulus 2 and a fixed-length delay, it 
is easily implemented. The processing speed can be high enough so that processing 
time can generally be neglected compared with the end-to-end round-trip delay. 
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(c) Possible Problem 

Even if the CRC is used, the data communication user may still require further 
error recovery by retransmission. One reason for this is that the CRC's error 
correction capability is limited. It can only correct a limited variety of errors (a 
limited number ofthe errored bits). Loss of data, which typically occurs due to cell 
loss, cannot be recovered by the CRC. Another reason is that the efficiency 
degrades: the CRC has to be lengthened in order to correct a greater variety of 
errors. Each data item needs a CRC, which leads to low efficiency, especially when 
the error rate is not very high. 

8 7 6 5 4 3 2 1 bit 

Generic Flow VPI VPI: Virtual Path Identifier 
VCI: Virtual Channel 
Identifier 

Control (GFC) 

VPI 

VCI 

VCI 

VCI 

Payload 
Type !eLF 

CLP: Cell Loss Priority 

Note: GFC is replaced with a 
part of a VPI at network 
node interface (NNI). 

Header Error Check (HEC,8 bit) 

(a) Header structure of cell at UNI 

2 4 10 6 10 bits 

(b) SAR-PDU format for AAL Type 3/4 

CPCS: Common Part Convergence Sublayer; :PAD: Padding; 
UU: User-User data; ID: identifier 

(c) CPCS-PDU format for AAL Type 5 

Figure 4. CRC used in ATM and AAL layers. 

(d) Application 

Although CRC error detection can be easily implemented without any delay due to 
retransmission, further retransmission is needed for error recovery. These 
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characteristics make the CRC more suitable for the lower layers, for example, 
ATM header error check (HEC) and the SAR CRC, as well as AAL5-CP CRC32, 
each of which assumes higher layer retransmission if necessary. Figure 4 shows 
how these CRCs are used by these protocols. The CRC may therefore not be 
suitable as the end-to-end error recovery method in a B-ISDN environment. 

3.1.2. PCR 

(a) Overview 

Preventive cyclic retransmission (PCR[14]) autonomously retransmits the 
previously sent data when no new data is to be sent or the amount of already sent 
data reaches the preestablished default value. Therefore, if the received data is 
errored, the receiver can expect to receive the retransmitted data soon after 
receiving the original data. Using PCR to recover data errors avoids the round-trip 
delay that comes with the ordinary retransmission mechanism in which the 
receiver must request retransmission of the errored data. It is thus effective in 
environments with a large round-trip delay or a relatively high error rate, such as 
satellite links. 

(b) Hardware implementation 

Since PCR simply retransmits the previously sent data, implementation is not 
complex. It only requires that the sender and receiver have a relatively large 
buffer for the retransmission and the reordering, respectively. 

(c) Problem 

Though PCR recovers errors, including any data loss, without much delay, data is 
retransmitted even when it is unnecessary, which increases costs because it uses 
more bandwidth. 

(d) Application 

Since PCR provides quick recovery, but at low efficiency, it is good for leased-line 
users or for internal network information transfer, which are not sensitive to 
efficiency. It is also good when there is a very large round-trip delay, as with a 
satellite line. It is not suitable as the error recovery method for B-ISDN. 

3.2. Retransmission Recovery (Automatic Repeat Request: ARQ) 

Since preventive error recovery methods do not recover lost data or handle some 
kinds of errors, reactive recovery, i.e., retransmitting necessary information, is 
needed. Recovery by retransmission can be classified according to the unit of 
retransmission. 

3.2.1. Go-back-N frames retransmission 

This retransmission scheme retransmits all the data after an error has occurred. 
Therefore, it is effective in networks with moderate to low error rates, relatively 
small round-trip delay, and moderate to low speed. The traditional data link 
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protocol, HDLC, uses this Go-back-N (GBN) scheme. HDLC is the basis for 
existing data link protocols, including the packet network datalink layer (X.25 
LAPB[15]), the ISDN D-channel (LAPD[16]), and the frame relay control part 
(Q.922[17] control, LAPF). All of these protocols are based on GBN 
retransmission. The GBN error recovery scheme is also used by both TCP and 
XTP. In these two protocols, data is identified by both its length (bytes) and its 
segment sequence number. 

(a) Procedure 

In GBN retransmission, a sequence number is maintained in both the sending and 
receiving entities. This sequence number can be based on either the number of the 
data unit (frame) or the amount of data (bytes). The sender holds a copy of the 
sent data in its buffer until the acknowledgment for the data is received. When an 
error is detected, the sender retransmits all data units with sequence numbers 
larger than that of the errored unit. The retransmission may be invoked by a 
notification sent by the receiving side, which checks the continuity of the sequence 
numbers. This notification may also be sent by a control data unit (S-frame in 
HDLC, STAT PDU in SSCOP). 

Figure 5 shows a sequence chart for GBN error recovery as used in HDLC. The 
information frame with a sequence number of 0 is lost and the next frame is 
received. The receiver detects the sequence number gap and requests 
retransmission by sending a reject frame (REJ). The received information frames 
are discarded before the error is recovered. In some protocols, like TCP, the 
sending entity also retransmits the data if the timer for the sent data expires 
before an acknowledgment is received. 

Terminal A 
SSCS CPCS 

SAR 

I(O) and the 
following 
frames are 
retransmited 

I(O) .. 

I(l) 
~"" 

I(2) 
p 

l(O) 

I(l) -

en e 
/loss 

Terminal B 
CPCS 
SAR 

err r 

.. 

-

l(l) 

I(2) 

I(O) 

I(l) 

sscs 

Frame sequence 
gap is detected. 

1/ Frame I (1) is discarded. 

A reject frame is sent. 

r- I(2) is discarded. 

-
Frame Cell Frame 

I(n): Frame with a sequence number ofn. 

Figure 5. Sequence chart for GBN error recovery. 
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(b) Problem 

With the GBN method, the sender simply retransmits all the data after the error 
and the receiver simply discards all the data after the error until the error is 
recovered. Implementation is easy because the sender needs to buffer only a copy 
of the unacknowledged data and the receiver needs to buffer no more than one 
frame. Although this method is simple and easy, it leads to unnecessarily 
retransmitting data that has been correctly received; this may lead to large 
transmission overhead, especially in environments with a large bit-rate round-trip 
delay product. B-ISDN has a high bit rate as well as varying round-trip delay. In 
addition, it uses a small transmission unit, a 53-byte cell, and error or data loss 
occurs only in this cell. Since GBN error recovery in B-ISDN would retransmit a 
large number of cells unnecessarily, using it would greatly degrade efficiency. 

3.2.2. Selective-Frame Retransmission 

(a) Procedure 

In the SSCOP and in some options of the TCP, XTP, VMTP, and HDLC, errored 
data is selectively retransmitted to recover the error. This scheme is called 
selective-frame retransmission (SFR)~ it aims for efficient error recovery in 
environments with moderate to small error rates, moderate to high transmission 
speed, and varying round-trip delay. As in GBN retransmission, the data units are 
identified by a sequence number or flag by both the sending and receiving entities. 
The sequence number may be a pointer based on the amount of data (bytes). As 
in GBN retransmission, the sender holds a copy of the unacknowledged data in its 
buffer and the receiver checks if the sequence number of the received data is 
continuous or not. When an error occurs, the sender retransmits only the errored 
or lost data. 

The retransmission is invoked either by the receiver's notification using a control 
frame (an S-Frame in HDLC or a USTAT PDU in SSCOP) or by a timeout at the 
sender. When the receiver receives the retransmitted data, it combines it with the 
data in the receiving buffer and reorders it. With this scheme, the sender has to 
have a buffer for the unacknowledged data and the receiver has to have a buffer 
for the correctly received data. The buffers are larger than those needed for the 
GBN scheme. 

Figure 6 shows a sequence chart for SFR. A cell in frame I(l) is lost and the frame 
is discarded at the receiving side. When the next frame is received, the receiver 
detects the sequence gap and requests retransmission of the lost frame by sending 
a selective reject (SREJ) frame containing the sequence number of the lost frame. 
All the frames received after the error are contained at the receiver for reordering. 

(b) Problem 

The SFR scheme requires a reordering procedure and a larger buffer space at the 
receiver, which means more overhead than with GBN. However, SFR goes 
increase transmission efficiency in terms ofthe total amount of data that needs to 
be retransmitted. SFR, therefore, reduces the average overall time for sending. 

With short frames, the transmission efficiency may not be improved much 
because of the relatively large overhead for each frame. Large files can be sent 
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more efficiently by segmenting them into longer frames. With longer frames, 
however, the frame loss rate increases for the same cell error/loss rate. The 
number of correctly received cells will also grow, but they will more likely be 
retransmitted unnecessarily because they are contained in errored or missing 
frames. 

Terminal A 

SSCS CPCS 

Terminal B 

P. : Cell error/loss 

I(l) is retransmitted. 

SAR 
0 I( ) 

I(l) -I(2) 

CPCS 
SAR 

I(O) 
~ 

I(3)~ I(2) 

I(l) 

~ 

" I(3) 
v 

I(i) 

All cells are 
retransmitted. 

sscs 

I(O) is received correctly 

Sequence gap is detected. 
A selective-reject is sent. 

I(3) is received. 
I(l) is received. 

Figure 6. Sequence chart for SFR error recovery. 

Although the SFR scheme improves efficiency and total mean response time, as 
well as total throughput, compared with GBN, its error recovery retransmission 
performance has to be further improved. This is because in some cases[13], the B
ISDN cell-loss rate of may be not as small as lQ-9. 

3.2.3. Partial-Frame Retransmission[13][18][19][20] 

The partial-frame retransmission (PFR) method for error recovery, which depends 
on B-ISDN cell-based transfer, is proposed. It aims to increase transmission 
efficiency compared to SFR. The basic concept is to retransmit only errored or lost 
cells; the receiver then combines the cells which were initially received correctly 
with the retransmitted cells into a complete frame. 

(a) Procedure 

With PFR, the frames are given frame-level sequence numbers, as in GBN and 
SFR. The receiver constructs a frame even if all the constituent cells have not 
been received correctly. In doing so, the receiver creates a list indicating which 
cells were received correctly and which were not. The length of the list is minimized 
by using a bit sequence to indicate each cell's reception result. We call this list a 
bitmap. To identify the lost or errored cells, an identifier is needed to show each 
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cell's location in the frame. AAL-CP Type 3/4 gives a cell-level sequence number 
(SN) to each cell payload; this SN can be used as an identifier. Although AAL-CP 
Type 5 does not provide such an identification mechanism, if no VC multiplexing is 
performed within a user's VP, the VCI value can be used for identification. In other 
words, the cell's VCI would be incremented each time a new frame is sent. 

This bitmap and frame-level sequence number identify the cells to be 
retransmitted. Although identification by using only the cell-level sequence 
number would be possible, since this sequence number needs to be long, it would be 
a greater burden than the proposed identification mechanism. 

When a frame is determined to be errored, the receiver notifies the sender of the 
sequence number of the errored and/or lost frame with its bitmap. The correctly 
received cells are kept in the receiver buffer until the retransmitted cells are 
received; the complete frame is then reconstructed and sent to the upper part. 
When the sender receives an error notification with its cell-level reception result 
(bitmap), the sender constructs a new frame containing only the requested cells as 
well as a copy of the bitmap. 

When the receiver detects frame losses by gaps in the sequence number, it sends a 
notification of the losses with the bitmap showing that all the cells were not 
received. When the receiver receives the retransmitted frame, it reconstructs the 
complete frame by combining the held cells with the retransmitted cells according 
to the bitmap contained in the retransmitted frame. These error notifications can 
be done with control frames (SREJ PDUs in HDLC and USTAT/STAT PDUs in 
SSCOP). Figure 7 shows a sequence chart for PFR. The second cell of the frame 
I(O) is lost; it is requested to be retransmitted by a SREJ with a bit map. The 
sender sends back a short frame containing the same bitmap and the second cell. 

Terminal A 

sscs CJ'~8 
I(O) 

TerminalB 

CPCS 
SAR 

Complete I(O) is 
constructed. 

I(O)*: Frame with cell error/loss 

Figure 7. Sequence chart for partial frame retransmission. 

Though XTP and VMTP provide selective retransmission, their retransmission 
units are basically user data units (packets etc.) and are much longer than the 
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payload length of an ATM cell. In particular, VMTP provides no transmitter 
procedure for polling the receiver's status and retrying the retransmission if 
necessary. 

(b) Hardware Implementation 

Figures 8 and 9 show the functional blocks needed to provide SFR and PFR. AAL 
Type 3/4 is assumed. SSCS is assumed to be the SSCOP and the SSCF. The 
SSCF and higher parts, as well as the ATM and lower parts, are not shown 
because they are common to the two retransmission schemes. In general, these 
functional blocks add AAL-SS (frame) overhead and AAL-CP overhead to the data, 
and segment the data into SAR units with AAL-SAR overhead and an ATM header 
is added. The data is kept in the transmitter's buffer (Tx buffer) for 
retransmission. Received cells are processed in reverse order. When the received 
data is user data, it is sent to its local user. When it is a PDU requesting 
retransmission, the requested PDUs in the Tx buffer are retransmitted. When the 
data is polling the receiver status information, the information is sent back in the 
STATPDU. 

Blocks additional to the ones for SFR are the described below; they are dashed in 
Fig. 9 and add little overhead. 

(1) SD generation based on the received bitmap 

This block generates a short SD PDU according to the received bitmap by using 
the SD PDU in the transmission (Tx) buffer. This function can be performed by 
the Tx buffer manager; it can also be done with a processor and the proper 
software. 

(2) Creation ofbitmap 

This function creates a bitmap for every received SD PDU; it can be performed 
with a register that has the same length as the maximum bitmap length. For 
example, the approximate number of needed gates would be five [gates/bit] times 
the bitmap length plus the fixed number of gates. 

(3) Check for the initially received SD PDU 

This function determines if the received CPCS PDU is an initially received SD PDU 
or not. If not, the created bitmap is discarded. This function can be performed by 
a small number of gates. 

(4) Receiver partial-frame buffer 

This buffer stores the received SD PDUs, even if they are not complete. When it 
receives a retransmitted partial frame, it reconstructs a complete frame from the 
stored and the received (partial) frames. This block would be the same size as the 
SD generation function block. 

These additional blocks can be implemented with several thousand gates, using a 
several-hundred bits bitmap, which corresponds to a maximum frame length of 
several tens of kilo-bytes. Considering that an AAL Type 5 can be made with 
several tens ofkilogates, this addition is not significant. 
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PFR can thus be performed with only a little more burden than for GBN or SFR; it 
would therefore not reduce the processing speed. Additionally, the required receiver 
buffer space is almost the same size as for SFR if the other conditions are the 
same. This is because the required buffer space is determined approximately by 
the product of the link throughput and the delay. 

(c) Expected Benefits 

The proposed PFR method will reduce the amount of retransmitted traffic. This 
will reduce the response time for each frame's acknowledgment and reduce the 
total traffic volume (initially sent data plus retransmitted data). It will also lower 
the total cell-loss rate as well as the congestion probability, both of which are the 
result of the improved efficiency. 

4. Evaluation[18][19][20] 

In this section we evaluate the PFR method in terms of data communication 
efficiency and total error-rate reduction. These two criteria are coupled with the 
data communication application requirements for B-ISDN because efficient and 
low-error-rate communication reduces response time, congestion probability, and 
charges (when usage-sensitive charging is used). 

4.1. Transmission Efficiency 

Transmission efficiency is defined as: 

the amount of correctly transmitted user data divided by the total amount of data 
for the transmission, including retransmitted data and the header overhead. 

To focus on the retransmission scheme's effect on efficiency, the following 
assumptions are made. The cell-loss rate is assumed to be fixed. The receiver 
buffer is assumed to be infinite. The cell-loss rate for each cell in the network is 
independent. The network is modeled as two communicating terminals with a 
point-to-point link that has a fixed cell-loss rate and a fixed throughput capacity. 
The sender continuously sends data at a fixed rate. 

Following these assumptions, the efficiency can be obtained from the formula 
below. 

Efficiency 
forSFR 

AAL-CS SDU length 

1 
Total data amount per AAL-CS SDU x -----------

1 - frame-error rate (FER) 
otal data amount per AAL-CS SDU:-------------, 

AAL-CS SDU length + 
AAL-CS overhead + 
ATM overhead x (AAL-CS PDU length I AAL-SAR payload length) 
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This is because after a frame-error occurs with a probability of FER, another 
frame is retransmitted; the total number offrames is thus multiplied by (1+ FER 
+ FER x FER+ ... ). 

Efficiency 
forPFR 

AAL-CS SDU length 

1 
Total data amount per AAL-CS SDU x----------

1 - cell-error rate (CER) 
Total data amount per AAL-CS SDU:------------, 

AAL-CS SDU length + 
AAL-CS overhead + 
ATM overhead x (AAL-CS PDU length I AAL-SAR payload length) 

This is because if a cell error occurs, only that cell is retransmitted. If the same 
cell is again errored, one more cell is retransmitted with a probability of CER. 
Therefore, the total number of retransmitted cells is multiplied by (1+ CER + CER 
xCER+ ... ). 

In both cases, maximum efficiency is obtained when the error rate is zero. 

Maximum 
Efficiency 

AAL-CS SDU length 

Total data amount per AAL-CS SDU 

Total data amount per AAL-CS SDU:------------, 
AAL-CS SDU length + 
AAL-CS overhead + 
ATM overhead x (AAL-CS PDU length I AAL-SAR payload length) 

Here, 

[ 
AAL · CS PDU length J 

FER = 1 _ ( 1- CER) AAL - SAR SDU payload length 

[#]is the maximum integer no larger than#. 
AAL-CS overhead : 8 bytes 
ATM overhead : 5 bytes 
SAR payload : 44 bytes 

The evaluation results (Fig. 10) show that the efficiency provided by PFR can be 
higher than that of SFR for a wide variety of cell-loss rates, for a variety of frame 
lengths. 
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Figure 10. Error recovery efficiency depending on the cell error/loss rate. 

4.2. Total Traffic (Error Rate) Reduction 

To evaluate the transmission efficiency, the cell-loss rate was assumed to be fixed. 
Actual cell loss, however, depends on the overflow of the finite-size buffers in the 
nodes, e.g., switches, in the network; it varies depending on the buffer space as well 
as on the amount traffic of coming into the network. The proposed PFR can reduce 
the of amount retransmitted traffic compared with GBN and SFR. Therefore, 
when the terminals try to send a fixed amount of data under the same conditions 
(link rate, buffer space frame length, etc.), the cell-loss rate may vary depending on 
the retransmission scheme, i.e., SFR or PFR. In particular, PFR will lower the cell
loss rate compared with SFR. In this section we evaluate the total traffic load, 
including the retransmitted traffic, taking into account the cell overflow at the 
buffers. 

The evaluation was done using computer simulation with the following 
assumptions: 

(1) Several terminals share the output buffer at the egress node of the network; 
cell loss occurs only at this point (Figure 11). 

(2) The data flows in the same direction; there are no resource conflicts with the 
control information flowing in the reverse direction. 

(3) The data frame length is fixed; frames are generated according to a Poisson 
process. 

(4) Cells in a frame are sent to the network at a fixed rate-the maximum rate of 
the link between the terminal and the network. 
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(5) Processing time including propagation delay is assumed to be 5 ms in any 
direction. 

Terminals ATM Network Terminals 

Figure 11. Simulation model for communicating terminals in B-ISDN. 

Figure 12 shows the simulation results. The horizontal axis shows the initially 
generated total traffic load normalized by the output-link rate. The vertical axis 
shows the cell-loss rate at the output buffer. The frame length and the VC speeds 
are parameters. The shared-buffer space is assumed to be 127 cells . 

Output Speed = 156 Mb/s 
Output buffer size = 127 cell 

VC Speed = 156 Mb/s 0 VC Speed = 15.6 Mb/s 
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Figure 12. Simulated cell-loss rate depending on the incoming traffic. 
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The results show the following: 

Dependency on the retransmission scheme 

For all the variations in parameter values, PFR reduces the cell-loss rate by more 
than 90% when no congestion occurs. When the frame length is 1 kB, SFR 
generates congestion when the normalized incoming traffic load is 0.8 or greater. 
PFR keeps the cell-loss rate below 0.01. 

Therefore, the cell-loss rate can be greatly reduced and congestion can be avoided 
for a wide variety of parameter values by using PFR. 

Dependency on the frame length 

Even if PFR is used, the network may become congested when the frame length is 
10 kB, the VC rate is 156 Mbps, and the incoming traffic load is more than 0.2. 
This is also the case if SFR is used. To avoid congestion, the use of frames longer 
than 10 kB should be avoided when the VC rate is 156 Mbps or greater and the 
output buffer space is less than 127 cells. For frames that are 1 kB or less, a 
relatively low cell-loss rate can be provided for traffic load lighter than 0.6. 

Dependency on the VC rate 

The cell-loss rate can be reduced by reducing the VC rate. For a given cell-loss rate 
(for example 0.001), more traffic can enter the network with a lower VC rate. For 
SFR, the VC rate at which the network starts to become congested is independent 
of the incoming traffic load. 

5. Conclusion 

This paper described the functions needed for data communication in B-ISDN and 
classified the error recovery methods that can be used by the end-to-end protocol 
for data communication. The partial-frame retransmission (PFR) scheme was 
proposed; its performance was compared with that of selective-frame 
retransmission (SFR) from the viewpoints of implementation complexity, 
efficiency, total traffic load, and cell-loss probability. Compared to SFR, only a few 
additional function blocks are required for PFR. 

The evaluation results showed that PFR can provide higher efficiency for a wide 
variety of parameter values compared with SFR. They also showed that PFR 
reduced the cell-loss rate to less than 0.1. In particular, when the incoming traffic 
load is relatively high, PFR can avoid the congestion that SFR allows. 

More precise evaluations are needed that take into account the variations in 
incoming traffic load and such parameters as propagation delay. The proposed 
PFR with flow control based on cell-level transmission should be considered for use 
in the new SSCS protocol for data communication in B-ISDN. 
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