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Abstract
Sender-initiated reliable multicast protocols based on the use of positive acknowledgments (ACKs)
can suffer performance degradation as the number of receivers increases. This degradation is due to
the fact that the sender must bear much of the complexity associated with reliable data transfer (e.g.,
maintaining state information and timers for each of the receivers and responding to receivers’ ACKs).
A potential solution to this problem is to shift the burden of providing reliable data transfer to the receivers - thus resulting in receiver-initiated multicast error control protocols based on the use of negative
acknowledgments (NAKs). In this paper we determine the maximum throughputs for generic senderinitiated and receiver-initiated protocols for two classes of applications: (i) one-many applications where
one participant sends data to a set of receivers, and (ii) many-many applications where all participants
simultaneously send and receive data to/from each other. We show that a receiver-initiated error control protocol which requires receivers to transmit NAKs point-to-point to the sender provides higher
throughput than a sender-initiated counterpart for both classes of applications. We further demonstrate
that, in the case of a one-many application, replacing point-to-point transfer of NAKs with multicasting of NAKs coupled with a random backoff procedure provides a substantial additional increase in
the throughput of a receiver-initiated error control protocol over a sender-initiated protocol. We also
find, however, that such a modification leads to a throughput degradation in the case of many-many
applications.
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1 Introduction
During the past three years, there has been widespread use of applications that support real-time interactive group activities over wide area networks. Applications that support video (nv[8], vic[16]) and voice
(vat[12], NeVot[23]) do not require reliable data transfer, while applications such as shared whiteboards
(e.g., wb [13], shdr [17]) do. The requirement of reliable data transfer for this last set of applications
poses a difficult challenge to network designers - namely how to design and implement a reliable multicast protocol that can handle 100s or 1000s of participants . Other group applications requiring the
timely reliable delivery of data include distributed interactive simulations, [10].
In this paper we examine two different approaches to providing reliable, scalable multicast communication. The sender-initiated approach places the responsibility for providing reliable multicast on
the sender, which maintains state information on all receivers to which it is multicasting. This is accomplished by having receivers return positive acknowledgments (ACKs) for every correctly received
packet, and having the sender use timers to detect potential packet losses. The alternate approach, a
receiver-initiated approach, shifts most of the responsibility for reliable data delivery to the receivers.
Each receiver is responsible for detecting lost packets and informing the sender via negative acknowledgments (NAKs) when it requires the retransmission of a packet. In the case of an application consisting of a single sender transmitting reliably to many receivers (referred to as a one-many application in
this paper) we observe through simple analyses that a simple receiver-initiated protocol which requires
receivers to return negative acknowledgments (NAKs) to the sender over point-to-point channels provides substantially better performance (in terms of the maximum supportable throughput of successfully
transmitted messages) than a sender-initiated protocol. Further substantial improvement is obtained by
the multicasting of NAKs coupled with the introduction of random delays prior to the transmission of a
NAK. In the case of an application where all participants act as both senders and receivers (referred to
as a many-many application in this paper) simple analyses illustrate that the receiver-initiated protocol
which requires receivers to return negative acknowledgments (NAKs) to the sender over point-to-point
channels almost doubles throughput over a sender-initiated counterpart. However, unlike the one-many
case, the multicasting of NAKs in the many-many scenario does not fare as well, leading to only a small
increase in throughput over the sender-initiated counterpart.
Past research on reliable multicast transport protocols has focussed primarily on sender-initiated
protocols, e.g., [21, 22, 24, 25, 26, 18, 1]. Several efforts, however, have proposed or examined specific
NAK-based receiver-oriented protocols. For example, Ramakrishnan and Jain, [20] designed and evaluated, through simulation, a receiver-initiated window-based reliable multicast protocol suitable for a
local area network. Floyd et al. [7] have used similar ideas to implement a reliable multicast protocols
suitable (similar in spirit to protocol N2 that we consider in this paper) for the wb whiteboard program
in a wide-area environment. Performance of their protocols is evaluated through simulation in linear,
star, and tree networks. RAMP [2] is a NAK-based protocol that selectively unicasts or multicasts a
retransmission, depending on the number of received NAKs.
Our work differs from previous work on reliable multicast protocols in three significant ways. First,


IETF conferences multicast over the MBone have had hundreds of multicast participants worldwide [3]. wb has been used
with more than 1000 users [7].
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rather than provide a detailed design and analysis of a specific reliable multicast protocol, we study three
generic protocols, one that is sender-initiated and two that are receiver-initiated. We focus on the fundamental differences between them, i.e., the use of ACKs vs. NAKs and the use of point-to-point
channels for NAKs vs. broadcasting NAKs. Second, recognizing that communication bandwidths are
expected to grow at a much higher rate than processing speeds during the next decade, we focus on the
processing requirements of these protocols at both the sending and receiving hosts rather than the communication bandwidth requirements. Previous analyses have focussed on the bandwidth requirements of
different reliable multicast protocols. Third, we are concerned with scalability: how well each of these
approaches will handle large numbers of receivers. The scalability of specific ACK- or NAK-based
protocols is examined by [7, 18, 1]. One related analytic work is [5], which proposes a NAK-based
protocol similar to our N1 and compares it with an ACK-based protocol. The focus in [5], however, is
on the performance effects of sending periodic state information. They assume lossless network and do
not consider the overhead of ACK and NAK processing – considerations that are central to our analysis.
The remainder of the paper is organized as follows. The descriptions of the different protocols,
applications and network are found in Section 2. Expressions for the maximum throughput at the sender
and receivers for the sender-initiated protocol is contained in Section 3. Similar analyses for the receiverinitiated protocols are found in Section 4. Section 5 compares these various protocols for both one-many
and many-many applications. Finally, concluding remarks are given in Section 6.

2 Protocols and System Model
We now describe the two approaches for reliable transmission of data from a sender to multiple receivers.
We emphasize that we are not proposing new, specific protocols below. Rather, we seek to define generic
protocols that capture the important characteristics of ACK- and NAK-based protocols in general. As
noted above, the sender-initiated approach, based on the use of ACKs, places much of the burden for
ensuring reliable packet transmission on the sender. The receiver-initiated approach, based on NAKs,
shifts this burden to the receivers. The section ends with a description of the applications and the
network model.

2.1 Sender-Initiated Protocols
A sender-initiated protocol requires the sender to maintain a list (called the ACK list), for each packet,
of the receivers from which it has received a positive acknowledgment (ACK). Each time a receiver
correctly receives a packet, it returns an ACK. Upon receipt of the ACK, the sender updates the ACK
list for the corresponding packet. Lost packets are dealt with through the use of timers. Specifically,
the sender starts a timer at the time of a packet transmission and, if it expires prior to the sender having
received ACKs for this packet from every receiver, the sender retransmits the packet and restarts the
timer.
Most traditional point-to-point protocols (e.g., TCP, HDLC, TP4) and many early multicast/broadcast
protocols [24, 22, 9, 20, 25] are based on this approach. Rather than focus on a specific protocol, we
will instead focus on a generic protocol which exhibits the following behavior.
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error recovery is selective repeat, i.e., only packets that are suspected to be lost or corrupted are
retransmitted,
whenever a sender transmits or retransmits a packet, it multicasts to all receivers and starts a timer,
whenever a receiver receives a packet correctly, it transmits an ACK to the sender over a point-topoint connection,
whenever a timer expires, the sender remulticasts the corresponding packet. In this paper, maximum protocol throughput will be our primary performance metric. This performance measure is
invariant to the order in which packets are transmitted and thus we make no assumptions about
whether new packets or retransmissions are given priority. (We note that when packet delay is the
performance measure of interest, the transmission order is important.)
This will be referred to as protocol (A).
This protocol can be optimized in numerous ways, such as grouping ACKs for different packets
into a single control packet (see [24, 22, 18] for examples of such optimizations). We will not consider
such optimizations in this paper.

2.2 Receiver-Initiated Protocols
A receiver-initiated protocol places the responsibility for ensuring reliable packet delivery on the receivers. The sender continues to transmit new data packets until it receives a negative acknowledgment
(NAK) from a receiver. When this occurs, the sender then retransmits (i.e., again multicasts) the packet
required by that receiver. The role of the receiver is to check for lost packets. If it decides that it has not
received a particular packet, it transmits a NAK to the sender. In order to guard against either the loss of
the NAK or the subsequent packet retransmission, the receiver uses timers in a manner analogous to the
sender’s use of timers in sender-initiated protocols. Typically a receiver will detect a lost packet when
it receives packets with larger sequence numbers (or after a timeout if it is expecting a retransmission).
In the case that the sender does not always have packets to send (i.e., must occasionally wait for data to
be produced at a higher level), it may be necessary for the sender to multicast periodic state information
(e.g., giving the sequence number of the last transmitted packet) while idle [5, 7]. We can ignore this
potential overhead in our ensuing analysis, as we are primarily interested in determining the maximum
throughput of the protocols.
We will focus on a generic receiver-initiated protocol (N1) that exhibits the following behavior
the sender multicasts all packets,
whenever a receiver detects a lost packet, it transmits a NAK to the sender over a point-to-point
channel and starts a timer,
the expiration of the timer without prior reception of the corresponding packet serves as the detection of a lost packet.
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and the following variation (N2) suggested by Ramakrishnan and Jain [20] for a LAN and Jacobson and
Floyd [11, 7] for a WAN
the sender multicasts all packets and state information
whenever a receiver detects a lost packet, it waits for a random period of time and then multicasts
a NAK to the sender and all other receivers, and starts a timer,
upon receipt of a NAK for a packet which a receiver has not received, but for which it initiated
the random delay prior to sending a NAK, the receiver starts the timer and behaves as if it had
sent that NAK,
the expiration of the timer without prior reception of the corresponding packet serves as the detection of a lost packet.
This second protocol attempts to ensure that at most one NAK is returned to the sender per packet
transmission by staggering the generation of NAKs and multicasting them to all other receivers. Hence,
the first NAK generated usually arrives to all other receivers prior to their generating additional NAKs.
As with the sender-initiated protocols, there are numerous optimizations possible which we will not
explore in this paper (see [20] for an example).

2.3 Application, Network, and Error Models



There are
participants in the application requiring the reliable transmission of data. We consider
two types of applications. In the first, the one-many application, one sender transmits a continuous
stream of packets to receivers. This is exemplified by a telelecture or a teleconference where one
participant acts as a sender all of the time or for a long period of time. In the second, the many-many
application, all
participants send as well as receive data reliably. More precisely, in the many-many
case, each participant is equally likely to act as a sender for a randomly chosen packet (with probability
. This is exemplified by distributed interactive simulations (DISs) [10] where each participant
is required to send information reliably to many other participant while, simultaneously, receiving from
many other participants.



  

In both cases, we assume that all loss events at all receivers for all transmissions are mutually
independent and that the probability of packet loss, is independent of receiver. We further assume
that ACKs or NAKs are never lost.



The assumption that losses among receivers occur as independent events would hold if the multicast
backbone loss is small (which we observe experimentally in the MBone in [27]) and if there is low loss
from the sender into the backbone. If losses are correlated, we believe that it is possible, using the
concept of association of random variables, [6], to show that our analyses produce pessimistic bounds
on throughput as a consequence of this independence assumption. The assumption that ACKs or NAKs
are never lost is reasonable as control packets are small. If desired, this assumption can be relaxed by
following the analysis given in [24].
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3 Throughput Analysis of Sender-Initiated Protocols
We begin by considering the transmission of a packet from one participant, henceforth referred to as
the sender, to identical participants, henceforth referred to as receivers. As the behavior of the sender
differs from that of a receiver, we consider their behaviors separately. Throughout our analysis we will
introduce a number of different parameters as we need them. These are collected in Table 1 for ease of
lookup. We consider the sender first.
Our goal in analyzing both the sender and receiver will be to compute the expected amount of
processing time required (at the sender and at a receiver, respectively) in order for a packet to be successfully delivered from the sender to all of the receivers. This processing time includes the amount
of time needed to send/receive the original packet as well as any retransmissions of that packet, handle
timeouts associated with that packet, and send ACK or NAK packets. The reciprocal of these processing
times will give us the maximum rates at which a sender and a receiver can process new packets. For a
given protocol ((A), (N1), or (N2)) and for a given application structure (one-many, many-many), the
maximum supportable throughput for a given protocol can be determined from these rates, as discussed
below. This protocol throughput will be our performance measure of primary interest.
Let us being by focusing on the expected processing time at the sender under the (A) protocol.
This is the processing time required by the sender to successfully multicast a packet to all receivers.
Let us denote this processing requirement by
. When the sender obtains data from a higher level
protocol/application, a packet containing this data is constructed and transmitted and a timer set. Following this, the sender must process every ACK received for the packet. In addition, each time that the
timer expires and the sender has not received ACKs from all receivers for this packet, the packet must
be remulticasted and the timer restarted. Given these considerations, we have



 

     




        

(1)

where
is the packet processing requirement associated with the -th transmission of a given
packet,
is the requirement for processing the timer interrupt that will result in the th transmission of the packet,
is the processing requirement for the -th ACK received for this packet,



 





is the total number of ACKs received for the packet, and
is the total number of transmissions
required to transmit the packet correctly to all receivers. These processing times include the times
required to perform a context switch along with processing costs specific to the operation. For example,
includes the processing required to take the packet up the protocol stack to the transport layer (or
higher). It also includes the time required to update the ACK list and, possibly, to turn off the timer.

 



 

 

We assume that the processing requirements have general distributions, that they are independent
of each other, and that
,
and
are each identically distributed sequences of
random variables. Henceforth, we omit the arguments and . The statistics for the random variables
and
will be obtained shortly.


















We are interested in the mean processing requirement per packet in order for the sender to multicast
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packets reliably to all of the receivers. It is given by

    
 



    



           


    

(2)

   



Next consider
. Define
to be the number of ACKs generated by receiver . Now,
is the expected number of ACKs generated by . As the receivers are statistically identical,
we have
(3)



         

Note that we have assumed here that a receiver generates an ACK for each successfully received packet,
regardless of whether it has already previously acknowledged the packet. Substituting (3) into (2) yields
the following expression for
,
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The only unknown in the right hand side of equations (3) and (4) is
. Define
to be the
number of transmissions required for receiver to receive the packet correctly. Now,
,
and
. As the events of lost packets at different receivers are
independent, we have

  

   

       
  



 






   

  

(5)
(6)

Therefore,
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In our numerical results in the following section, we truncated the sum in equation 7 when the
was less that
We note that the right hand side of equation 7 can be simplified to
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the time to process the transmission of a packet
the times to process an ACK, a NAK and a timeout at the sender respectively
the times to process a newly received packet or a timeout.
the times to process and transmit an ACK and a NAK from the receiver
respectively
the time required to receive and process a NAK at a receiver
the probability of loss at a receiver; losses at different receivers are assumed
to be independent events
the number of NAKs from receiver ,
the total number of NAKs from all receivers per packet,
the number of ACKs from receiver
the total number of ACKs from all receivers per packet
the number of transmissions necessary for receiver to successfully receive
a packet
the number of transmissions for all receivers to receive the packet
correctly;
the send and receive per packet processing times in protocol
the send and receive per packet processing rates for protocol
the throughputs for protocol
for one-many
and many-many applications respectively
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Table 1: Notation
but that the alternating signs in this sum are difficult to handle numerically [19].

  denote the rate at which the sender can successfully transmit packets to all receivers
       .
then
If we let

In a similar fashion, the mean processing requirement at the receiver for a randomly chosen packet

   

is

          

        

Here the first term corresponds to the mean time spent processing packets received, and the second term corresponds to the mean time spent producing and transmitting acknowledgments. In the
above equation,
is as given in (7). The maximum packet processing rate at the receiver is

  

     .

 

   is          . Hence,    is           
             . Observe that, as "! $ ,    !# . Consequently, this protocol
and
It is easily shown that

places a significant processing burden on the sender for large values of
reliable system.

even in the case of a highly

 

One-many applications: In the case of a one-many application, the overall protocol throughput,
,
for the (A) protocol is given by the minimum of the per-packet processing rates at the sender and at the
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receiver



(9)


      

Many-many applications: In the case of a many-many application in which each packet is equally
likely to send a packet to the other participants, the mean packet processing time is

    

 and the overall protocol throughput is 
       



, is

  

(10)

4 Throughput Analysis of Receiver-Initiated Protocols



We now analyze the receiver-initiated protocol (N1) first by considering the sender. Let
denote the
packet processing requirement at the sender under (N1). This processing time can be expressed as










  
 


(11)



where the first term corresponds to the processing time associated with the
different transmissions
of the packet and the second term corresponds to the processing time for the NAKs that are transmitted
from the receivers to the sender. As before, we make no assumptions regarding the distributions of these
random variables except that they are independent of each other and that
and
are
is the number of transmissions
sequences of identically distributed random variables. As before,
required and
is the number of NAKs received.













 



The mean processing time is given as

                 
 
  
Now, the number of NAKs returned to the sender by receiver  is 
with mean 
     

the mean number of NAKs returned by all receivers is
processing time at the sender is







   

              
       .
and the sender packet processing rate is 

. Hence

, the mean per packet

(12)

We focus next on the mean per packet processing time at a receiver. Similar to the analysis leading
to (2), we have
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Here the first term corresponds to the processing required to receive a packet. The second term
corresponds to the processing required to prepare and return NAKs. Note that this only occurs each
time the receiver determines the packet to be lost prior to the first correct receipt of this packet. The last
term corresponds to processing of the timer when it expires. Again, this is only required after the first
transmission (if lost) up to, but not including, the first correct reception of a given packet.



   
       
      
      



   gives:
Substituting into our equation above for
            
                 
       .
and the receiver packet processing rate is 
             and              .
For this protocol we have
Consequently, it is better suited to large scale multicasts than the generic ACK-based protocol (A).
      and        when  ! $ .
Observe that
From the distribution of

, it follows that





We end this section with the analysis of the receiver-initiated protocol (N2). Protocol (N2) differs
from (N1) in two ways. First, NAKs are multicast from a receiver to all other receivers as well as to the
sender. If a receiver receives a NAK for a packet that it has not received correctly prior to sending its
own NAK, then it need not return a NAK. The addition of a random delay at a receiver prior to returning
a NAK ensures that most of the time only one NAK will be generated among all of the receivers and
that it will act as a signal to the remaining receivers to not return a NAK. How well this mechanism
works to limit the number of NAKs per transmission depends on the network topology and the choice
of the random delay distribution. As we are solely concerned with throughput, we will assume that the
delays are sufficiently long that the event of two or more NAKs being generated by a transmission is
sufficiently small to be ignored.
With these modifications, it is easy to see that

                      


(13)

            
                  
             
               and              . Hence this protocol
Note that
  
shows the best potential for handling multicasts to large receiver groups. Furthermore,
       when  ! $ .

and
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One-many applications: In the case of a one-many application, the overall protocol throughputs for
the two receiver oriented protocols are

 
 


  
  

    
    









(14)



(15)


Many-many applications: In the case of a many-many application in which each packet is equally
likely to send a packet to the other participants, the overall protocol throughputs for the two receiver
oriented protocols are

 





 




       


      


(16)
(17)



5 Numerical Results
We now examine the relative performance of protocols (A), (N1), and (N2).
In order to provide concrete values for the amounts of processing time needed to send/receive
a data, ACK, or NAK packet and handle a timeout, we use the measurements reported by Kay and
Pasquale [14, 15] . These measurements were taken on an in-kernel implementation of the UDP/IP/FDDI
protocol stack in DEC’s ULTRIX 4.2a operating system running on a DECstation 5000/200. Although
a newer architecture would undoubtedly result in shorter processing times, our focus will be primarily
on the relative (rather than absolute) throughput of the sender and receiver and the relative performance
of (N1), (N2) and (A). We expect the relative performance to be relatively insensitive to changes in
processing capabilities as long as the relative costs of the various processing steps remains the same. In
our numerical examples we use
secs for the processing time needed to send
or receive a 2K data packet and
secs as the
processing time to send or receive a small ACK/NAK packet (from Figures 6 and 7 in [14]). We use
secs (from Figure 10b in [15]) for the timer overhead. We examine performance
for loss probabilities in the range 0.01–0.25 as they typify the current loss characteristics of the MBone,
[27].

 

    

         $ $ $
            

  $ $
       

With these values and the throughput characterizations from the previous section, we can now
compare the performance of the three generic protocols. Let us begin by comparing the achievable
packet send and receive processing rates under the three protocols.

  $ $

  $ %

Figures 1, 2 and 3 show the absolute values of send and receive processing rates for (A), (N1)
and (N2) for
and
Figure 1 shows that the sender is the bottleneck under protocol
(A) for both values of As the number of receivers increases, the send rate decreases because of the
need to process more acknowledgments. The receive processing rate is higher than the send processing
there
rate, but also degrades as the number of receivers increases. This is because, with increasing
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Figure 1: Sender and receiver processing rates under A
is an increasing number of retransmissions from the sender, as evidenced in equation 7. Figures 2 and
3 illustrate that the send rates remains smaller under protocols (N1) and (N2), although the differences
in send and receive rates are much less pronounced under (N2) than under (N1) or (A). The more
closely matched send and receive rates under (N2) suggest that this protocol provides a more balanced
distribution of the processing burden between the sender and the receivers.
Having now examined the send and receive rates for each of the three protocols, we can now
compare their relative performance for the two classes of applications.

5.1 One-many Applications
In the case of one-many applications, the sender and receiver processing rates reported in the previous
section indicate that the throughput of each of the three generic protocols is determined by sender
behavior (for the loss probabilities of interest to us),

 
  

      




Figure 4 plots the ratio of the protocol throughputs of (N1) and (A) versus for various loss probabilities, for the case of one-many applications. Note that the (N1) protocol always achieves a higher
throughput than the (A) protocol. As expected, when the loss probability is low (say 0.01), the difference in relative performance of (N1) over (A) is greater than when the loss probability is high (say 0.25).
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Figure 2: Sender and receiver processing rates under N1
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Figure 3: Sender and receiver processing rates under N2
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Figure 4: Ratio of one-many application throughputs for (N1) and (A):

    

vs

This is because a receiver-initiated scheme places a very light burden on the sender for low loss probabilities while a sender-initiated scheme generates many acknowledgments that need to be processed at
the sender. For a given loss probability, the relative performance of (N1) improves over that of (A) with
increasing . This improvement is logarithmic as indicated in the complexity results presented in the
previous section.
Figure 5 shows the ratio of the throughputs of one-many applications under (N2) and (N1). Note
that multicasting NAKs yields additional increases in throughput, especially as the number of receivers
increases and for environments characterized by high loss rates.

5.2 Many-many Applications
In this section we perform a similar investigation of the behavior of the three generic protocols for the
case of many-many applications. We begin by focusing on the effects of shifting responsibility for
reliable data transfer from the participant sending the packet to those receiving the packet.
Figure 6 plots the ratio of the many-many application throughputs under (N1) and (A). Although
we observe a nearly a twofold performance improvement when the receive functionality takes greater
responsibility for reliable data transfer, this increase in throughput is significantly less than what was
observed for one-many applications. The reason for this reduced improvement is that a participant in the
application is most likely to perform receive-side processing on a packet (with probability
)
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Figure 5: Ratio of one-many application throughputs for (N2) and (N1):

 

vs

rather than send-side processing (with probability
). The relative receiver processing rates of
(N1) and (A), illustrated in Figure 7, show less than a 50% difference between them. This explains the
behavior of
in Figure 6.

     

The additional effect of replacing the point-point transfer of NAKs with the multicasting of NAKs
as part of the receive side functionality is illustrated in Figure 8, where the ratio of the throughputs
of (N2) and (N1) are plotted for many-many applications. We observe that, unlike with one-many
applications, multicasting NAKs reduces the throughput of a receiver-initiated protocol. This is because
multicasting NAKs adds additional complexity to the receiver functionality which, as noted above,
dominates the performance of reliable data transfer in a many-many application. The relative behavior
of the receive side processing rates of (N2) and (N1) is illustrated in Figure 9.
Last, Figure 10 illustrates the ratio of the throughputs of many-many applications under (N2) and
(A). We observe that, in spite of the fact that multicasting NAKs performs poorly compared to pointpoint transfer of NAKs, (N2) still exhibits a slight performance improvement over the sender-initiated
protocol (A).
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Figure 6: Ratio of many-many throughputs for (N1) and (A):
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Figure 8: Ratio of many-many throughputs for (N2) and (N1):
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6 Summary and Future Work
In this paper, we have examined the problem of providing reliable multicast communication in large
scale networks, when possibly thousands of hosts may participate in a multicast group. We studied three
generic error control protocols, one that was sender-initiated (ACK-based) and two that were receiverinitiated (NAK-based). An important feature of our analysis of these protocols is that we focused on host
processing as the constrained resource; previous analyses of reliable multicast protocols have focussed
on network bandwidth as the scarce resource - a resource that we believe is becoming of less importance
as network bandwidths continue to increase and multicasting emerges as an important communication
paradigm. Our analyses provide a quantitative demonstration of the superiority of receiver-initiated
approaches over sender-initiated approaches. We found, however, that among the two receiver initiated
multicasting protocols we considered, that the (N2) protocol was preferred in the one-many scenario,
while the (N1) protocol was superior in the many-to-many case. This illustrates the important point that
the relative performance of different reliable multicast protocols may depend on the manner in which
hosts act as senders and receivers.
Our present work can be extended in a number of ways. In our analyses, we assume independent
loss events at the various receivers. While we expect this assumption to give us pessimistic bounds on the
throughputs, whether relaxing this assumption affects the throughput expressions for the three protocols
studied in different ways is a question open to investigation. Another open issue is that of protocol delay.
So far, we have restricted our attention to throughput performance of the three protocols. We conjecture
that for high loads and large numbers of receivers, the relative delay performance of the three protocols
will be similar to the relative throughput performance. It is likely that for low numbers of receivers
the delay performance of (N1) will be better than that for (N2), but this is a matter that remains to be
17
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Figure 10: Ratio of many-many throughputs for (N2) and (A):
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investigated in a precise, quantitative way. Finally, we note that the performance comparison of the
various optimzations that are possible for protocls (A), (N1) and (N2) remains an open an interesting
question.
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