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Abstract- General Packet Radio Service (GPRS) is seen as one of the key steps to evolving today’s GSM network to provide value-added packet-switched data service by sharing the air interface with traditional GSM circuit-switched voice demands. 
This paper analyzes a Media Access Control (MAC) protocol that supports bounded channel access delay for delay-sensitive traffic, bounded packet loss probability for loss-sensitive traffic, and dynamic adaptive resource allocation for bursty traffic. Simulation results show that this protocol is able to support guaranteed QoS (Quality of Service) for streaming, conversational, interactive and background traffic.
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1 Introduction
General Packet Radio Service (GPRS) is a Global System for Mobile communications (GSM) service that provides mobile subscribers with performance guaranteed packet data services over GSM radio channels and external packet data networks. To achieve high utility of scarce radio resource, the “capacity-on-demand” concept is introduced in GPRS, in which users occupy channel resources only when they have data to transmit or receive. The dynamic channel-allocation method varies from that in the original GSM, in which a channel is exclusively allocated to a user for the entire call duration, even in the present of “silent” periods. The General Packet Radio Service (GPRS) offers performance guaranteed packet data services to mobile users. GPRS follows the same structure of time slot and frame as in GSM. GSM uses a combination of frequency and time division multiple access on the physical layer. Up and downlink have different  frequency bands assigned by the International Telecommunication Union. The frequency bands are first divided into frequency carriers. One uplink and one downlink carrier frequency are normally assigned to one base station, thus enabling simultaneous transmission in both directions. Each carrier is further divided into eight time slots forming one GSM frame, which lasts 4.615ms.


A packet-data channel (PDCH) is a physical channel dedicated for data transmission. Allocation of PDCHs is taken from  the common pool of available channels in a cell and is again based on demand to ensure flexible adaptation to different traffic conditions.


The GPRS wireless subsystem consists of mobile stations (MS's) contending for access to a base station (BS) in radio cell, with traffic generated according to the negotiated quality-of-service (QoS) profiles, defined in terms of precedence, delay, reliability, mean and peak throughputs. The wireless link is characterized by a broadcast mode in the downlink (BS to MS) and a multiple access mode in the uplink (MS to BS). A medium access control (MAC) protocol distributes packet transmission over the shared medium among all users. The GPRS standard specifies the FDD/TDMA multiple access with four radio access priorities, and reference guidelines on the resource sharing method. Resource sharing based on demand assignment can be employed to minimize wasted bandwidth due to under-utilization with dedicated assignment and to collision with random access. This paper analyzes a Medium Access Control protocol to enable performance guarantees for the four defined GPRS QoS classes. The protocol supports per-session dedicated reservation for streaming traffic class and prioritized on-demand reservation for conversational and interactive traffic classes. Traffic burstiness is counteracted with dynamic adaptive resource allocation with peak bandwidth allocation adapted to the current queue length. In a mobile wireless system, call admission control (CAC) protocol maximizes the number of admitted or in-session traffic sources supported over the wireless medium while guaranteeing their QoS requirements. Forced terminations of ongoing call sessions due to blocked-calls-dropped discipline are generally more objectionable than new calls blocking from the user’s perspective. 

2 The new mac protocol
The GPRS packet data channels (PDCH) are classified as follows: (1) Packet Random Access Channel (PRACH) is the  request access channel for uplink, consisting of two time-multiplexed channels of Signaling PRACH (S-PRACH) and User-data PRACH (U-PRACH); (2) Packet Access Grant Channel (PAGCH) is the request acknowledgement channel for downlink, which is used by the BS to broadcast the request status information; and (3) Packet Data Traffic Channels (PDTCH) are the remaining PDCH’s to carry the payload on the uplink and downlink.


Using slotted Aloha, the S-PRACH is accessed by the signaling requests of new calls and handoff calls to gain admission, with handoff calls given higher access priority. Admitted streaming traffic sources enjoy per-session dedicated reservations, while admitted conversational and interactive traffic sources have to perform on-demand reservation by multi-accessing the U-PRACH. When collision occurs, only the conversational traffic sources are allowed to multi-access the U-PRACH via the tree limited-contention access protocol. Consequently, conversational class is given a higher U-PRACH access priority than interactive class. The background traffic sources are allocated with unused PDTCH’s in a round robin fashion.


A slotted Aloha procedure is used by the signaling requests of new calls and handoffs to access the S-PRACH. MS’s with signaling packets transmit immediately on the first available slot. If a collision occurs, they transmit on the next slot with probability “Pa”. Handoff requests are given higher priority by having higher “Pa” value.


The Tree-Protocol – a  limited-contention access protocol is used for in-session channel access request for conversational traffic because it provides a deterministic channel access time. By allowing only conversational traffic sources to participate in the contention resolution cycle, it is possible to guarantee a bounded delay on channel access. The contention cycle can be showed to have a bounded length of: TDMA_FRAME_LENGTH * (2 (log 2 j + 1) – 1), where j is the number of conversational MS’s, simultaneously trying to access the U-PRACH. Based on the on-off model for voice, with 40% voice activity, it can be shown that the probability of more than 5 MS’s trying to access the U-PRACH simultaneously is very low, thus limiting the in-session channel access delay to 20 msec (assuming GSM frame size).


A modified slotted Aloha procedure is used for U-PRACH access by interactive traffic sources. It is similar to slotted Aloha protocol, except that when a collision occurs, a binary exponential backoff algorithm is used which reduces the transmission probability, “Pa”, in the next slot by 0.5 (for 8 max. retries). When a contention resolution cycle is in progress, the value of “Pa” is reduced to “0”, i.e. interactive MS’s do not participate in the contention resolution cycle. 


To initiate a new call, a Call Initiation (Call_Init) request is sent on the S-PRACH using slotted Aloha. The Call_ Init request contains one or more of the following: Desired service type (Conversational, Streaming, Interactive, or background) and Requested Data Rate (RDR). On successful reception of this request, the PH-CAC module determines if enough resources are available to support this new call, and if admissible, sets up two state variables for that session in the BS via RDR and ADR (Achieved Data Rate). A temporary buffer is also set up to hold packets for that session and a suitable MS identifier is generated, which is transmitted to the corresponding MS on the PAGCH. 


The system offers streaming as a dedicated service in multiples of quantized data rates. Thus for a streaming rate ‘X’, one full PDTCH is allocated, while for rate ‘0.5X’, only half of the PDTCH (a slot in every alternate frame) will be allocated and so on. Since resources are permanently allocated to a streaming call, it faces the problem of multi-access only during call set up. Thus a streaming call, once admitted, is guaranteed a bounded packet delay, constant inter-packet delay (i.e. minimal jitter) and a guaranteed throughput. By using a suitable FEC scheme, the packet loss due to corruption on the wireless link is limited.


Upon admission, a conversational traffic source demands a channel resource only when it has data to send. The request is sent on the U-PRACH using the tree protocol. If no resources are available at that time, the BS will reallocate resources allocated to other sources (except streaming) to this conversational source. If all the resources are currently allocated to other such conversational sources, then the BS rejects the resource request, and the MS has to send another request, after discarding the first packet in the queue. When there is no data, an allocated resource is held for a channel holding time of 3 TDMA frames, following which an explicit release message is sent. Thus by using the tree protocol for channel access, packet delay for a conversational traffic is guaranteed to be bounded. Since resource is reserved till it is explicitly released, the inter-packet delay is guaranteed to be constant.


For interactive traffic sources, a scheduling algorithm is required which can guarantee the required throughput. It was proposed a distributed scheduling algorithm for allocation of uplink PDTCH’s. In the proposed algorithm, MS takes active part in the scheduling process on the uplink. For every interactive stream that is admitted into the cell, the BS and the corresponding MS maintain the following state variables: RDR which is sent in the Call-Init request packet; and ADR, which is continuous updated by MS (BS) as it sends (gets) data packets. Every MS maintains a queue at its output interface having a finite length. After getting admitted into the cell, the MS sends a Rate Request Packet (RRP) on the U-PRACH requesting some number of PDTCH's, closely matching its RDR value. The BS attempts to allocate as many PDTCH’s requested as available. For this, it might even pre-empt other similar sources, which have achieved ADR >= RDR. If the MS is allocated a rate, which is less than its packet generation rate, packets will start queuing at the output and the queue length increases. Depending on the queue length the MS will send another RRP, demanding higher rate, with access probability P(x) as: 

P(x)=e(x/UT)-1/(1-a) "x
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Here UT is a fixed upper threshold and ‘a’ is a factor that is directly proportional to the ratio ADR/RDR


After getting admitted and allocated an identifier, the background traffic sources camp on the PAGCH to see which slots are allocated to them in the uplink frames. The BS allocates unused PDTCH’s to background traffic sources in a round robin fashion.

3 Numerical Results

It was simulated a single cell containing one BS and a number of MS’s. Table 1 lists the simulation parameters. Streaming and background traffic types were not simulated because streaming calls with dedicated reservations would only reduce the capacity of the system without affecting other results. Since no guarantees are given to background flows, their presence or absence do not affect the results. Simulation experiments were carried out for conversational and interactive traffic types using the following traffic models:


An on-off model is used to simulate the conversational source. Voice packets are dropped if they exceed a limit of 90 msec. Packet dropping probability is defined as the ratio of packets dropped, to the total number of packets generated during the call. An ideal wireless channel is assumed, hence packet loss occurs only because of deadline violation.


The interactive data users generate packets according to a Poisson distribution, with rates ranging from 22.4 to 56 Kbps. Since interactive traffic is not real-time, no packets are discarded due to excessive delay. 


With only conversational traffic sources present in the cell, it was found that in order to get a good mean opinion score, the number of admitted users must be limited to 10, as 97% of the users experienced a packet dropping probability (PDP) of less than 3%. Thus a multiplexing gain of 1.4 (approx.) was obtained. Also the average channel access delay and average packet delay was found to be limited to 20 msec as predicted before.


Fig. 1 shows the cumulative distribution function (CDF) of the average voice PDP, when there are 10 conversational MS’s and the interactive MS’s are varied from 0 to 9. It can be seen that there is no significant change in the voice PDP. This is due to the tree protocol used by conversational mobiles for in-session channel access on the U-PRACH, which gives them sufficient isolation from others.





Tabel 1.
	Parameter
	Value

	No. of Uplink/Downlink carrier pairs
	1

	TDMA frame duration
	4,615ms.

	No. of time slots in a TDMA frame
	8

	No. of traffic channels/carrier
	7

	Channel Data rate
	240kb/s.

	Average length of talkspurt
	1.5s.

	Average length of silent periods
	2s.

	Avg. msg. inter-arrival time.
	4ms.

	Data Rate
	56kb/s

	Simulation time
	10 min.



Fig. 2 illustrates the CDF of the average packet delay faced by conversational mobiles. As observed, this is also limited to 20 msec and is also independent of number of interactive mobiles present in the cell.
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Fig.1. CDF for Voice Packet Dropping Probability
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Fig.2. CDF for average packet delay

4 Conclusion

The new MAC protocol was analyzed and its performance was evaluated. The presented results show that this protocol is able to support guaranteed QoS for streaming, conversational, interactive and background traffic. Since these traffic classes are similar to those supported in UMTS, we are studying its application to future 3G cellular systems employing WCDMA/TDD mode on the wireless links. 
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