1.
a. 
(1) a mean for transferring information during an ongoing session(4%)
    examples of its use :

      
  -DTMF digits

       
  -account balance information

       
        a prepaid subscriber could be informed in the middle of a call

       
        if the subscriber’s prepaid account is nearing zero.

       
  -midcall signaling information generated in another network

(2) application-layer information could be transferred in the middle of a call (3%)
(3) a powerful , flexible tool to support new services (3%)
b. 
(1) SIP can use UDP transport, which is unreliable and provisional responses do not generate an ACK. A provisional response could be lost forever.


  Lost provisional responses may cause problems when inter-working with other


  Networks. (5%)

        - 180 or 183 can be mapped to the Q.931 Alerting message or the ISUP


          ACM.


        - expecting such messages/responses to drive state machines


        - certain applications might be relying upon guaranteed delivery to


       
  ensure that a particular feature or service operates correctly.

  (2)

  
1. two new header field : Rseq (response sequence, a response header field)

                         and  RAck (response ACK, a request header field) (2%)

2. option tag : 100rel (2%)

3. a new SIP method : PRACK (provisional response ACK) (2%)

4. implement : (或是舉例畫圖皆可) (4%)

        - client sends the INVITE includes the supported header with the


          option tag 100rel and Require: header with the option tag 100rel


        - server receives the INVITE and sends the response with Rseq header.


        - client receives the provisional response and sends a PRACK.


        - if the server doesn't receive PRACK, then retransmits the response


          T1 seconds later. (T1 = 0.5 seconds) (maximum = 64 times)

2. 
a. (一個3%, 最多 10%)
  (1) Separation enables media conversion to place as close as possible to

      the traffic source or sink within the circuit-switched network.

  (2) The call-handling functions are centralized.

  (3) A smaller number of gateway controllers or call agents located more centralized

     can control multiple gateways placed multiple positions.

  (4) New features could be rolled out more quickly as they would need to be implemented only in the centralized call-control nodes, rather than at every node in the network.

b. (一個3%, 最多 15%)
  Same : (畫表亦可)
  (1) MGCP and MEGACO both have MGs, which transfer a format in one network to a format 

in another network.
  (2) The MGCs in MEGACO control the call establishments and tear down connections are like the call agents in MGCP.

(3) The terminations in MEGACO are physical entities on the MS act as source or 

sink of media stream. The terminations are like the endpoint in MGCP.
 Different :
(1) Context in MEGACO is like connection in MGCP, but there are something different 
Take “call waiting” for example :

· MGCP : need to inactive a connection and create a new connection with the third party.

· MEGACO : only need to jump to the new context , need not close the old context.
  (2) MEGACO involves a series of transaction between MGCs and MGs. For the most part, transactions are requested by a MGC and the corresponding action are executed within a MG.
      But in MGCP, such cases occur when a MG initiates the transaction request. 

  (3) media flow …
  (4) others…
  (4) The command names in MEGACO and MGCP are different although they do the same work. (好多人寫這個,就2%)
3.

(a)

1. Address translation  (5%)
2. How can we deploy an SS7 application (e.g. ISUP) that expects certain services from lower layers such as MTP when lower layers do not exist in the IP network (5%)
3. For transport layer, the ISUP message must be carried in the IP network with the same speed and reliability as in the SS7 (5%)
(b) (寫出一個給4%，總共15%)
1.To ensure reliable, error-free, in-sequence delivery of user messages(TCP provides both reliable data transfer and strict order-of-transmission, but SS7 may not need ordering.UDP doesn’t gurantee reliable, error free) (4%)
2.To support fast delivery of messages and avoid head-of-line blocking of TCP. (4%)
3.To support network-level fault tolerance that is critical for carrier-grade network performance by using multi-home hosts(The limited scope of TCP sockets complicates the task of data transmission using multi-homed hosts.). (4%)
4.To provide protection against DoS attack by using 4-way handshake and cookies.(TCP is relatively vulnerable to DoS attack, such as SYN attacks.) (4%)
4. (寫出一個給3%，總共10%)
(a)

1. The switching functions are handled by software. (3%)
2. Separation of Media and Call Constrol(3%)
3. Integration/Incorporation(3%)
· Convergence of voice and data

· Combination of telecom & internet technologies

· Reuse PSTN database & IN services in packet networks 

· Multiple sources for app development & deployment

· Decreased operating costs

4. Standardization(3%)
· Standard interfaces (protocols) for communications

· Open standards (APIs) for service creation

· Customized services created by users themselves

· Better scalability
(b)

Hard/Circuited switch:

· Solutions in a proprietary box (4%)
· Expensive (3%)
· Little room for innovation (3%)
Soft-switch:

· Solutions are open standards-based

· Customers choose best-in-class products 

· Open standards enable lower cost for innovation

